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(57) The internet telephone adapter connected to 
the conventional telephone set has a problem of not be- 
ing able to make a normal telephone call by switching 
to the PSTN line when the internet telephone cannot be 
used. As for the telephone equipment adapter connect- 
ed to both the PSTN line and the IP network, the 
PSTNJine_signal_transmitting/receiving_unit 1100 in- 
puts a telephone number and a message information 
from the telephone set 10, then the designation identi- 
fying unit 200 obtains an IP address by mapping the tel- 
ephone number, and generates a route selecting infor- 
mation, and hands over the route selecting information 
to the line_connection_switching_unit 100. Based on 
the route selecting information, the 
line_connection_switching_unit 100 selects one of a 
route PSTN line 13 and a route from the 
IP_network_communication_processing_unit 5000 via 
the IP network 14, and transmits the message informa- 
tion to the telephone set 20. 
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D scription 

Technical Field 

[0001 ] The present invention relates to an internet tel- 
ephone network system. The internet telephone net- 
work system carries out communication between the 
communication devices such as telephone sets. Each 
telephone set is connected to a telephone equipment 
adapter. The telephone equipment adapter is connected 
to the IP network and the PSTN (public switched tele- 
phone network) line. The internet telephone network 
system of the present invention allows the telephone 
sets to communicate to one another via the IP network 
or the PSTN line. In addition to that, the present inven- 
tion relates to an internet telephone network system that 
carries out communication between the telephone sets 
protected by the firewall. The internet telephone network 
system of the present invention allows the telephone 
sets to communicate to one another beyond the firewall 
by setting a relay server in an environment not protected 
by the firewall. The relay server mediates communica- 
tion between the telephone sets. 

Background Art 

[0002] The internet telephone is being used nowa- 
days instead of the conventional telephone that utilizes 
the PSTN line. The internet telephone works by trans- 
mitting and receiving voice data as internet protocol 
(hereinafter abbreviated to as IP) packet on the internet 
or an intranet. This technique is known as Voice over 
Internet Protocol (hereinafter abbreviated to as VoIP). 
[0003] A gateway device placed in between the tele- 
phone set and the route on the network is generally 
adapted as a device to implement this internet tele- 
phone. Refer to "Nikkei Communication", the 
1999/02/01 issue, and pages 126-133 for the informa- 
tion related to gateway devices. There are a wide variety 
of gateway devices including a large-scale gateway de- 
vice that supports a lot of telephone lines, and a small- 
scale gateway device such as a simple telephone adapt- 
er for connecting the conventional telephone set to the 
network. The drawing of Fig. 44 shows an example of 
the conventional internet telephone adapter. For "Vola- 
Link-TA'of NTT Corp., refer to http://vocalink.ssi.isp.ntt. 
co.jp/. For "Solphone" of Soliton Systems Corp., refer to 
http://www.soliton.co.jp/ and the brochure on the Sol- 
phone product. The internet telephone adapter compris- 
es the following units: a digital_voice_data/analog_ 
voice_data_converting_unit 500; a digitaLvoice_data/ 
analog_voice_data_converting_unit 600; an IP_ 
network_communication_processing_unit 5000; a 
telephone_number/IP_addressJranslation_unit 300; 
and a PSTNJine_signal_transmitting/receiving_unit 
1 100. One end of the internet telephone adapter is con- 
nected to a telephone set 10 and the other end is con- 
nected to the IP network. 



[0004] Now, the operation is described. 
[0005] Voice data spoken by the user are transmitted 
from the telephone set 10 to the telephone equipment 
adapter as analog signals. The digital_voice_data/ 
5 analog_voice_data_converting_unit 600 converts thes 
analog* signals to the digital signals. The digital signals 
are converted to the coded voice data by the 
IP_network_communication_processing_unit 5000. 
The IP_network_communication_processing_unit 5000 
processes the coded voice data as voice data packet. 
The voice data packet is transmitted to the IP network. 
The voice of talking user is transmitted to the other tel- 
ephone set accordingly. 

[0006] On the other hand, the voice data spoken by 
the talking user is being transmitted from the IP network 
as a voice data packet. The IP network communication 
processing unit 5000 receives the voice packet data, 
analyses it, extracts the voice code portions from it, and 
decodes them to the voice data. Further, the 
digitaLvoice_data/analog_voice_data_converting_unit 
500 converts the digital signal to an analog signal. The 
analog signal is transmitted to the user's telephone set 
10. The voice of talking user is heard at the telephone 
set 1 0 accordingly. 

[0007] Also, the telephone set 1 0 inputs the telephone 
number of the call destination telephone set. The input- 
ted telephone number is converted to IP address. This 
is how the call destination telephone set is identified on 
the IP network. For instance, an information obtained by 
mapping of the telephone number and the IP address is 
previously stored in the telephone_number/IP_ 
addressJranslation_unit 300. The PSTN_line_ 
signaLtransmitting/receiving_unit 1 1 00 receives the tel- 
ephone number inputted from the telephone set. The 
telephones umber/I P_address_translation_unit 300 
obtains an IP address based on the inputted telephone 
number by mapping. Accordingly, the communication 
destination telephone adapter is directly specified and 
accessed on the IP network. 

[0008] The telephone set is directly connected to the 
PSTN line. The telephone set can be used in the usual 
manner. However, the telephone equipment adapter is 
connected to the IP network, and it is not connected to 
the PSTN line. This is the reason why the internet tele- 
phone cannot be used while the telephone set is con- 
nected to the telephone equipment adapter. To name 
the problem No. 1 of the conventional internet telephone 
adapter, while the telephone set is connected to the tel- 
ephone equipment adapter, the user cannot make a tel- 
ephone call via the PSTN line even by switching the con- 
nection from the IP network to the PSTN line. 
[0009] The preferred embodiment of the present in- 
vention aims to make a telephone call by user either via 
the IP network side or via the PSTN line side while the 
signal line of the telephone set remains connected to 
the telephone equipment adapter. 
[001 0] To name the problem No. 2 of the conventional 
internet telephone adapter, the IP address of communi- 
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cation destination telephone adapter must be registered 
beforehand in order to make a call using the internet tel- 
ephone via the IP network. This manual inputting proc- 
ess done by the user is time-consuming. 
[0011] The preferred embodiment of the present in- 
vention aims to discard such manual process of looking 
up the IP address of destination telephone equipment 
adapter and setting it to the telephone_number/ 
IP_address_translation_unit of the telephone equip- 
ment adapter. 

[001 2] To name the problem No. 3 of the conventional 
internet telephone adapter, a tele-conference that can 
verify and manage the participants is not possible via 
the IP network. Incidentally, the participants of the tele- 
conference must involve more than three individuals 
each carrying a telephone set and a telephone equip- 
ment adapter that is connected to it. 
[0013] The preferred embodiment of the present in- 
vention aims to perform the tele-conference via the IP 
network, among more than three individuals each car- 
rying a telephone set and a telephone equipment adapt- 
er connected to it, where the participants of tele-confer- 
ence is verified and managed. 
[001 4] To name the problem No. 4 of the conventional 
internet telephone adapter, the requirement for an addi- 
tional I/O device has inevitably increased the implemen- 
tation cost of the internet telephone adapter. The addi- 
tional I/O device specializes in the setup of configuration 
data for use in the maintenance operation, which needs 
to be incorporated to the adapter. 
[0015] The present invention aims to reduce the cost 
incurred in attaching the I/O device specialized in setting 
up the configuration data. The I/O device is used for the 
maintenance operation. The configuration data is set 
from the general-purpose personal computer and exist- 
ing telephone set connected to the telephone equipment 
adapter. 

[001 6] To name the problem No. 5 of the conventional 
internet telephone adapter, it is difficult to secure the re- 
al-time property of the voice data communication 
processing. 

[0017] The preferred embodiment of the present in- 
vention aims to improve on the real-time property of the 
voice data communication processing. 
[001 8] To name the problem No. 6 of the conventional 
internet telephone adapter, the arbitrary UDP port can- 
not be used in the voice data communication processing 
via the firewall. 

[0019] The preferred embodiment of the present in- 
vention aims to carry out the voice data communication 
processing beyond the firewall by specifying several 
specialized UDP ports beforehand. The selected UDP 
port is used for the communication processing. 
[0020] The preferred embodiment of the present in- 
vention aims to carry out the voice data communication 
processing beyond the firewall by scanning the UDP 
port of the communication destination telephone equip- 
ment adapter and finding the usable UDP port. 



[0021] The preferred embodiment of the present in- 
vention aims to carry out the voice data communication 
processing beyond the firewall by scanning the HTTP 
port of the communication destination telephone equip- 

5 ment adapter and finding the usable HTTP port. 

[0022] To name the problem No. 7 of the conventional 
internet telephone adapter, inclusion of various types of 
protocol headers in the voice data packets tends to 
cause an increase in the amount of network traffic. 

10 [0023] The preferred embodiment of the present in- 
vention aims to decrease in the amount of network traffic 
by using possibly the smaller various types of protocol 
headers in the voice data packets. 
[0024] To name the problem No. 8 of the conventional 

is internet telephone adapter, the stable communication 
quality cannot be maintained when the IP network traffic 
condition is unstable. 

[0025] The preferred embodiment of the present in- 
vention aims to carry out the voice data packet trans- 

20 mission processing by responding to a monitored net- 
work traffic condition and by referring to a past record 
of the averaged network traffic condition. 
[0026] To name the problem No. 9 of the conventional 
internet telephone adapter, the voice data cannot pass 

25 through the firewall when it is situated in between the 
adapter residing network and the outside network. The 
setup of firewall needs be modified to allow the voice 
data to pass through it. However, most firewall does not 
allow the request from the user to modify its setup be- 

30 cause the firewall possesses its own management 
measures. 

[0027] The internet telephone network system of the 
present invention attempts to solve these problems. The 
internet telephone can be used without having to modify 
35 the setup of the firewall by using HTTP port. The HTTP 
port is most commonly being used for the data transmis- 
sion and reception, even if the firewall is situated in be- 
tween the adapter residing network and the outside net- 
work. 

40 [0028] To name the problem No. 1 0 of the convention- 
al internet telephone adapter, the telephone call cannot 
be made by the telephone set while connected to the 
telephone adapter via the PSTN line. This is because 
the telephone call cannot be made via the 

45 communication_device_managing_unit such as PBX 
and button telephone set. The same can be said when 
the user is using internet telephone via the IP network 
or not using the internet telephone via the IP network. 
The conventional telephone call from the telephone set 

so can be made by directly connecting to the PSTN line via 
the communication_device_managing_unit such as 
PBX and button-telephone set 
[0029] The preferred embodiment of the present in- 
vention aims to make telephone call via the IP network 

55 or via the PSTN line while the signal line from the tele- 
phone set remains connected via the PBX or button tel- 
ephone set. 

[0030] To name the problem No. 1 1 of the convention- 
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ai internet telephone adapter, the number display func- 
tion cannot be used at the telephone set in none of the 
following cases. The case in which the internet tele- 
phones is being used via the IP network or cannot be 
used via the IP network. And the case in which the PSTN 
line are used, having contracted for the number display 
function. 

[0031] The preferred embodiment of the present in- 
vention aims to use the number display function when 
making a telephone call via the IP network or the PSTN 
line, by using the telephone set contracted for the 
number display function connected to the telephone 
equipment adapter of the present invention. 

Disclosure of the Invention 

[0032] According to one aspect of the present inven- 
tion, an internet telephone network system using a dig- 
ital communication line for communicating digital data 
and an analog communication line for communicating 
analog data, the internet telephone network system 
comprises a telephone equipment adapter for inputting 
an information, selecting a route from the digital com- 
munication line and the analog communication line, and 
outputting the information to the route selected. 
[0033] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the digital communication line which is IP (internet 
protocol) network, the analog communication line which 
is PSTN (Public Switched Telephone Network) line, and 
the information which is at least a message information, 
the telephone equipment adapter which is connected to 
a telephone equipment which outputs at least the mes- 
sage information. The internet telephone network sys- 
tem of the present invention comprises a 
PSTNJine_signaLprocessing_unit for inputting the 
message information outputted from the telephone 
equipment, an 
IP_network_communication_processing_unit for exe- 
cuting at least one of transmission and reception of the 
message information via the IP network, a designation 
identifying unit for generating a route selecting informa- 
tion to select the route from the I P network and the PSTN 
line, and a line_connection_switching_unit for inputting 
the route selecting information, and outputting the mes- 
sage information inputted from the PSTN_ 
line_signal_processing_unit, to the one of the IP net- 
work and the PSTN line based on the route selecting 
information. 

[0034] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the telephone equipment which outputs the message 
information including an identification information for 
identifying a destination telephone equipment of the 
message information receiving side, the PSTN_ 
line_signal _processing_unit which inputs the identifica- 
tion information, the IP_network_communication_ 
processing_unit which transmits the message informa- 



tion to the IP network by specifying an address informa- 
tion for identifying the destination telephone equipment 
of the message information receiving side, the tele- 
phone equipment adapter which includes an address 
5 translation table for storing the address information and 
the identification information by mapping them, and an 
IP address translation unit for translating the identifica- 
tion information to the address information based on the 
address translation table, and includes the designation 
10 identifying unit which generates the route selecting in- 
formation using the address information if the identifica- 
tion information is successfully translated to the address 
information at the IP address translation unit, and gen- 
erates the route selecting information using the identifi- 
cation information if unable to translate the identification 
information to the address information at the address 
translation unit, and outputs the route selecting informa- 
tion generated to the line_connection_switching_unit. 
[0035] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the designation identifying unit which includes an 
IP_address_learning_unit for deciding that the destina- 
tion telephone equipment of the message information 
receiving side can receive the message information via 
the IP network if the address translation unit cannot 
translate the identification information to the address in- 
formation, and updating the address translation table 
based on the decided result. 

[0036] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the PSTN_line_signaLprocessing_unit which trans- 
mits the address information obtained by mapping of the 
identification information of the telephone equipment of 
the message information transmitting side to the desti- 
nation telephone equipment of the message information 
receiving side. 

[0037] According to another aspect of the present in- 
vention , the internet telephone network system compris- 
es the message information which is a digital voice data 
for performing at least one of transmission process and 
reception process via the IP network by the 
IP_network_communication_processing_unit, the mes- 
sage information which is output from the telephone 
equipment and is input by the PSTN_line_signal_ 
processing_unit is an analog voice data, and the tele- 
phone equipment which can recognize the analog voice 
data, and the telephone equipment adapter which is in- 
cluding a digital/analog_converting_unit for converting 
the digital voice data received via the IP network to the 
analog voice data recognizable by the telephone equip- 
ment; and an analog/digital_converting_unit for convert- 
ing the message information which is the analog voice 
data output from the telephone equipment and input by 
the PSTN_line_signa!_processing_unitto a digital voice 
data for transmitting via the IP network. 
[0038] According to another aspect of the present in- 
vention, the internet telephone network system has a 
plurality of telephone equipment connected by the tele- 
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phone equipment adapter for transmitting and receiving 
the message information via the IP network, and com- 
prises the telephone equipment adapter which is con- 
nected to at least more than two telephone equipment 
among a plurality of telephone equipment including a 
message_information_mixing_unit for mixing the mes- 
sage information received from the plurality of telephone 
equipment via the IP network. 

[0039] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es at least one of the telephone equipment adapters 
which is connected to a plurality of telephone equipment 
including: a permission_data_storing_unit for previous- 
ly storing a permission data used to confirm that the 
message information is permitted for transmission and 
reception between the plurality of telephone equipment; 
and a simultaneous_call_managing_unit for receiving a 
communication request before receiving the message 
information from the plurality of telephone equipment via 
the IP network, for referring to the permission data 
stored in the permission_data_storing_unit based on 
the communication request, and for confirming that the 
message information is permitted for transmission and 
reception between the plurality of telephone equipment. 
[0040] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the permission data stored in the permission. 
data_storing_unit which is at least one of a telephone 
equipment identification number for identifying the tele- 
phone equipment, a simultaneous call identification 
number for identifying a simultaneous communication 
among the plurality of telephone equipment transmitting 
and receiving message information, and a password in- 
formation for participating to the simultaneous commu- 
nication. 

[0041] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which inputs a control information for controlling the tel- 
ephone equipment adapter as the message information 
via the IP network. The telephone equipment adapter 
includes; a control_jnformation_storing_unit for storing 
the control information for controlling the telephone 
equipment-adapter; and an IP_network_data_reading/ 
writing unit for updating the control information stored in 
the controUnformation_storing_unit in accordance to 
the control information input from the IP_ 
network_communication_processing_unit. 
[0042] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the PSTNJine_signaLprocessing_unit which inputs 
a control information for controlling the telephone equip- 
ment adapter as the message information from either 
one of the telephone equipment and the PSTN line. The 
telephone equipment adapter includes: a controL 
information_storing_unit for storing the control informa- 
tion for controlling the telephone equipment adapter; 
and a telephone_input_data_writing_unit for updating 



the control information stored in the 
controLinformation_storing_unit in accordance to the 
control information input from either one of the tele- 
phone equipment and the PSTN line. 

5 [0043] According to another aspect of the present in- 
vention, rhe internet telephone network system com- 
prises the message information for performing at least 
either one of transmission process and reception proc- 
ess by the IP_network_communication_processing_ 

10 unit which is a packet information, and the IP_network_ 
communication_processing_unit which includes a 
UDP_communication_processing_unit for performing a 
User Datagram Protocol (UDP) communication process 
to the packet information. 

15 [0044] According to another aspect of the^present in- 
vention, the internet telephone network system has a 
firewall for preventing an illegal access to the telephone 
equipment adapter on the IP network, comprises the 
IP_network_communication_processing_unit which in- 

20 eludes a UDP_port_usage_managing_unit for previ- 
ously storing a fixed UDP port number that can transmit 
the message information to the destination telephone 
equipment adapter beyond the firewall, and the 
UDP_communication_processing_unit which transmits 

25 the message information to the destination telephone 
equipment adapter beyond the firewall by using the UDP 
port number previously stored in the UDP_port_ 
usage_managing_unit. 

[0045] According to another aspect of the present in- 

30 vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which includes a UDP_port_communication_confir- 
ming_unit for confirming a UDP port number that can 
transmit the message information to the destination tel- 

35 ephone equipment adapter beyond the firewall, and the 
UDP_communication_processing_unit which transmits 
the message information to the destination telephone 
equipment adapter beyond the firewall, by using the 
UDP port number confirmed by the UDP_port_ 

40 communication_confirming_unit. 

[0046] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which includes a RTP_communication_processing_unit 

45 for performing a Real-time Transport Protocol (RTP) 
communication process to the packet information. 
[0047] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the message information for performing at least ei- 

so ther one of transmission process and reception process 
by the IP_network_communication_processing_unit is 
a packet information, and comprises the IP_n 
etwork_communication_processing_unit which in- 
cludes a TCP_communication_processing_unit for per- 

55 forming a Transmission Control Protocol (TCP) commu- 
nication process to the packet information. 
[0048] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
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es the IP_network_communication_processing_unit 
which includes an HTTP_communication_processing_ 
unit for performing an Hyper Text Transfer Protocol (HT- 
TP) communication process to the packet information. 
[0049] According to another aspect of the present in- 
vention, the internet telephone network system has a 
firewall for preventing an illegal access to the telephone 
equipment adapter on the IP network, comprises the 
IP_network_communication_processing_unit which in- 
cludes a HTTP^ort_communication_confirming_unit 
for confirming an HTTP port number that can transmit 
the message information to a destination telephone 
equipment adapter of message information receiving 
side beyond a firewall which is prepared for the destina- 
tion telephone equipment adapter, the 
HTTP_port_communication_confirming_unit which 
transmits the message information to the destination tel- 
ephone equipment adapter beyond the firewall by using 
the HTTP port number confirmed by the 
HTTP_port_communication_confirming_unit. 
[0050] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which includes a transmission buffer unit having a trans- 
mission buffer for inputting a digital voice data which is 
a digitalized message information, and for temporarily 
storing the digital voice data input, for generating the 
packet information by extracting a certain digital voice 
data from the transmission buffer. 
[0051 ] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the transmission buffer which has a pre-determined 
buffer size, and the buffer size is changeable. 
[0052] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the packet information generated by the transmission 
buffer unit which includes a header unit for storing an 
address information of the digital voice data receiving 
destination, and which includes a data unit for storing 
the digital voice data, comprises the IP_network_ 
communication_processing_unit which includes a 
voice_data_packet_encoding_unit for inputting the 
packet information from the transmission buffer unit, 
and compressing at least one of an information stored 
in the data unit of the packet information and an infor- 
mation stored in the header unit of the packet informa- 
tion. 

[0053] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which includes a voice_data_packet_decoding_unit for 
receiving the packet information including the com- 
pressed information transmitted from the destination tel- 
ephone equipment adapter, decoding the compressed 
packet information, and extracting and analyzing the 
header unit of the decoded packet information. 
[0054] According to another aspect of the present in- 
vention, the internet telephone network system compris- 



es the IP_network_communication_processing_unit 
which includes a receiving buffer unit which has a re- 
ceiving buffer for inputting the packet information decod- 
ed by the voice_data_packet_decoding_unit, and for 

5 temporarily storing the decoded packet information in- 
put, ana* which outputs the decoded packet information 
at a continuous timing from the receiving buffer. 
[0055] According to another aspect of the present in- 
vention, the internet telephone network system compris- 

10 es the receiving buffer which has a pre-determined buff- 
er size and the pre-determined buffer size is changea- 
ble. 

[0056] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es es the IP_network_communication_processing_unit 
which includes a redundant_packet_issuing_unit for 
replicating the packet information generated by the 
transmission buffer unit. 

[0057] According to another aspect of the present in- 
20 vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which includes a packet_generation_filtering_unit for 
deleting the packet information output from the trans- 
mission buffer unit to the voice_data_packet_ 
25 encoding_unit in order to delete the number of packet 
information to be transmitted to the destination tele- 
phone equipment adapter. 

[0058] According to another aspect of the present in- 
vention, the internet telephone network system compris- 

30 es the IP_network_communication_processing_unit 
which includes a network_traffic_monitoring_unit for 
monitoring a traffic condition of the packet information 
received by the IP_network_communication_proces- 
sing_unit, and instructing the change in the receiving 

35 buffer size to the receiving buffer unit based on the mon- 
itored result. 

[0059] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the network_traffic_monitoring_unit which instructs 
40 to the redundant_packet_issuing_unit for the number of 
replicating packet information based on the monitored 
result. 

[0060] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es es the network_traffic_monitoring_unit which instructs 
to the packet_generation_filtering_unit regarding the 
condition for deleting the packet information based on 
the monitored result. 

[0061 ] According to another aspect of the present in- 
50 vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which includes a networkJraffic_statistical_data_ 
managing_unit for calculating a statistics of the traffic 
condition by obtaining the monitored result monitored at 
55 the network_traffic_monitoring_unit, and for notifying a 
statistical result to the network_traffic_monitoring_unit. 
[0062] According to another aspect of the present in- 
vention, the internet telephone network system further 
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comprises a relay server prepared on the IP network, 
for managing telephone equipment adapters on the IP 
network, for receiving the message information trans- 
mitted from a telephone equipment adapter to an anoth- 
er telephone equipment adapter transmitted in accord- 
ance to a pre-determined communication protocol ac- 
cess in place of the another telephone equipment adapt- 
er, for storing the message information received, and for 
reading the message information stored by using the 
same access as the pre-determined communication 
protocol access at the telephone equipment adapter. 
[0063] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es an access following the procedure of pre-determined 
communication protocol which is an HTTP access in ac- 
cordance to the hyper text transfer protocol (HTTP) 
communication protocol. 

[0064] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es a message information received at the relay server 
which is is a packet information having a header unit for 
storing an address information of the message informa- 
tion receiving side, and a data unit for storing the mes- 
sage information, the relay server which includes a 
TCP_communication_processing_unit for performing a 
Transmission Control Protocol (TCP) communication 
process to the packet information received, an 
HTTP_communication_processing_unit for performing 
an Hyper Text Transfer Protocol (HTTP) communication 
process to the packet information received, a 
voice_data_packet_encoding_unit for compressing at 
least one of an information stored in the data unit and 
an information stored in the header unit of the packet 
information, a voice_data_packet_decoding_unit for re- 
ceiving a packet information having the compressed in- 
formation as the packet information, for decoding the 
compressed information of the packet information, and 
extracting and analyzing the header unit from the de- 
coded packet information, a voice_data_buffering_unit 
for temporarily storing the packet information decoded 
by the voice_data_packet_decoding_unit, and extract- 
ing the stored and decoded packet information if re- 
ceived HTTP access for reading the stored and decoded 
packet information, and outputting it to the 
voice_data_packet_encoding_unit, and a telephone_s 
et_calling_information_managing_unit for managing 
the condition of telephone equipment adapters man- 
aged by the relay server, for receiving an inquiry infor- 
mation inquiring the condition of another telephone 
equipment adapter from telephone equipment adapter, 
for confirming the condition of the another telephone 
equipment adapter based on the inquiry information, 
and for notifying the confirmed result to the telephone 
equipment adapter. 

[0065] According to another aspect of the present in- 
vention, the internet telephone network system of com- 
prises the IP_network_communication_processing_ 
unit of the telephone equipment adapter managed by 



the relay server which includes an HTTP_ 
telephone_call_unit for transmitting the packet informa- 
tion to the relay server by using HTTP access when the 
destination telephone equipment adapter of the packet 

5 information receiving side is protected by the firewall. 
[0066] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit of 
the telephone equipment adapter managed by the relay 

to server which includes an HTTP polling unit for transmit- 
ting to the relay server an inquiry information managed 
by the telephone_set_calling_information_managing_ 
unit of the relay server to inquire condition of the desti- 
nation telephone equipment adapter where the packet 

15 information is transmitted to by using the HTTP access 
polling method. 

[0067] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit of 
20 the telephone equipment adapter managed by the relay 
server which includes a telephone_call_communica- 
tion_unit for notifying a fact of transmitting the packet 
information to the destination telephone-equipment 
adapter where the packet information is transmitted to, 
25 before transmitting the packet information via the IP net- 
work by using at least one of an electronic mail and an 
instant message. 

[0068] According to another aspect of the present in- 
vention,the internet telephone network system compris- 
30 es the PSTNJine_signaLcommunication_processing_ 
unit of the telephone equipment adapter managed by 
the relay server which notifies a fact of transmitting the 
packet information to the destination telephone equip- 
ment adapter where the packet information is transmit- 
35 ted to, before transmitting the packet information via the 
PSTN line. 

[0069] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the relay server which includes an HTTP_ 
40 connection_changing_unit for receiving the packet in- 
formation transmitted from a telephone equipment 
adapter to an another telephone equipment adapter, for 
performing connection negotiation of connecting the tel- 
ephone equipment adapter and the another telephone 
45 equipment adapter, and controlling for the transmission 
and reception of the packet information by using HTTP 
between the telephone equipment adapter and the an- 
other telephone equipment adapter after the connection 
is established. 

50 [0070] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the header unit of the packet information which in- 
cludes a port number and an address information of the 
transmission destination of the packet information, the 
55 relay server includes a TCP/I P_packet_header_ 
alterations nit for receiving the packet information 
transmitted from a telephone equipment adapter to an 
another telephone equipment adapter, for performing 
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connection negotiation process of connecting the tele- 
phone equipment adapter and the another telephone 
equipment adapter, and for converting a port number 
and an address information of the header unit of the 
packet information of the transmission destination to a 
port number and an address information of the tele- 
phone equipment adapter receiving the packet informa- 
tion last. 

[0071 ] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the internet telephone network system which further 
connects at least two relay servers, and the internet tel- 
ephone network system further comprising an 
HTTP_relay_server_managing_server including: an 
HTTP_relay_server_load_monitoring_unit for monitor- 
ing a process load condition of the relay server connect- 
ed; and an HTTP_relay_server_assigning_unit for se- 
lecting a relay server responding to the monitored load 
condition by the HTTP_relay_serverJoad_monitoring_ 
unit. 

[0072] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit 
which transmits the message information to the IP net- 
work by assigning an identifier name that identifies a 
destination of transmitting the message information, the 
address translation table stores the identifier name and 
the identification information by mapping them, the ad- 
dress translation unit translates the identification infor- 
mation to the identifier name by using the address trans- 
lation table, and the telephone equipment adapter which 
includes an IP_address_information_message_pro- 
cessing_unit for outputting the message information to 
the IP network by using a communication protocol hav- 
ing a pre-determined control message format used to 
transmit the message information by using the identifier 
name. 

[0073] According to another aspect of the present in- 
vention, the internet telephone network system further 
comprises an another PSTN line other than the PSTN 
line, the telephone equipment adapter which includes a 
PSTNJine_communication_processing_unit that per- 
forms at least one of transmission and reception of the 
message information via the IP network by using a point- 
to-point protocol (PPP) communication protocol via the 
another PSTN line. 

[0074] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the telephone equipment adapter which further in- 
cludes a serial_port_communication_processing_unit 
that has a serial port, and performs at least one of trans- 
mission and reception of the message information via 
the IP network by using a point-to-point protocol (PPP) 
communication protocol via the serial port cable. 
[0075] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the PSTN_line_signal_processing_unit which keeps 
the connection to the PSTN line after finishing commu- 



nication between the message information transmitting 
side and the message information r ceiving destination, 
and transmits to the message information receiving des- 
tination via the PSTN line an address information corre- 
5 sponding to an identification information of the t le- 
phone equipment of message information transmitting 
side. 

[0076] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
w es the PSTN_line_signal _processing_unit which keeps 
the connection to the PSTN line after either one of the 
message information transmitting side and the message 
information receiving side finishes the communication, 
and while maintaining the PSTN line connection, sends 
15 an address information of the telephone ecjuipment of 
the message information transmitting side via the PSTN 
line after waiting for an amount of time when the com- 
munication is likely to be finished. 
[0077] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the PSTN_line_signal_processing_unit which sends 
at least a busy tone signal from a communication finish- 
ing side to a communication continuing side, in order to 
make the communication continuing side to finish the 
communication, when either one of the message infor- 
mation transmitting side and the message information 
receiving destination finishes the communication. 
[0078] According to another aspect of the present in- 
vention, the internet telephone network system, when 
at least one of the message information transmitting 
side and the message information receiving destination 
attempts to transmit a message information to a tele- 
phone equipment while an address information corre- 
sponding to an identification information of the tele- 
phone equipment is still being transmitted via the PSTN 
line, comprises the PSTN Jine_signal_processing_unit 
which sends at least a busy tone signal to the telephone 
equipment attempted to transmit the message informa- 
tion. 

[0079] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the PSTNJine_signa! _processing_unit which prior- 
itizes a transmission process of an address information 
corresponding to an identification information of the tel- 
ephone equipment than a message information trans- 
mission process of the telephone equipment, when at 
least one of the address information transmitting side 
and the address information receiving destination at- 
tempts to transmit the message information to the tele- 
phone equipment while the address information corre- 
sponding to the identification information of the tele- 
phone equipment is still being transmitted via the PSTN 
line. 

[0080] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the PSTNJine_signal __processing_unit which de- 
tects a condition of no identification information input af- 
ter waiting for a specific time interval, and decides that 
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the identification information input is finished. 
[0081] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the identification information which comprises of a 
word information and an end information indicating end 
of the identification information, the PSTN_line_signal 
_processing_unit which confirms an input of the end in- 
formation , and decides that the identification information 
input is finished. 

[0082] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the identification information which comprises at 
least a communication enterprise information specifying 
the communication enterprises, and the communication 
enterprise information specifies a size of the identifica- 
tion information, the PSTN_line_signal .processing, 
unit which determines the size of identification informa- 
tion based on the communication enterprise information 
of the identification information, and decides that the 
identification information input is finished by comparing 
a size of the determined identification information and a 
size of the inputted identification information. 
[0083] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the PSTNJine_signaLprocessing_unit which hands 
over the identification information that finished the input 
to the address translation unit after decided that the 
identification information input is finished, and the ad- 
dress translation unit translates the identification infor- 
mation handed over by the PSTNJine_signal_proces- 
sing_unit to the address information. 
[0084] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the identification information which is comprised of 
more than one word information, the PSTNJine_ 
signal_processing_unit which hands over at least one 
word information inputted to the address translation unit 
when at least one word information is input as the iden- 
tification information, and the address translation unit 
which compares at least one word information handed 
over and an identification information stored in the ad- 
dress translation table, and regards matching address 
information as an address information candidate when 
at least one word information handed over matches in 
part to the identification information stored in the ad- 
dress translation table. 

[0085] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the address translation unit which adapts the address 
information candidate as an address information if the 
address information candidate is the last one. 
[0086] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the address translation unit which adapts the last one 
of the address information candidate as an address in- 
formation when the word information handed over by the 
PSTN_line_signaLprocessing_unit exceeds a pre-de- 
termined number as the address information candidates 



approach the last one. 

[0087] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the telephone equipment adapter which receives the 

5 message information via the IP network of the message 
information transmitting side has a same type of tele- 
phone equipment adapter as the telephone equipment 
adapter of the message information transmitting side, 
and the telephone equipment adapter of the message 

10 information receiving side which includes an 
IP_address_learning_unit for transmitting an identifica- 
tion information that identifies the telephone equipment 
connected to the telephone equipment adapter of the 
message information receiving side to the telephone 

15 equipment adapter of the message information trans- 
mitting side, for receiving the address information trans- 
mitted from the telephone equipment adapter of the 
message information transmitting side. 
[0088] According to another aspect of the present in- 

20 vention, the internet telephone network system compris- 
es the IP_address_learning_unit of the telephone 
equipment adapter of the message information receiv- 
ing side which selects either one of receiving and not 
receiving the address information transmitted from the 

25 telephone equipment adapter of the message informa- 
tion transmitting side. 

[0089] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_address_learning_unit which selects either 

30 one of transmitting and not transmitting the address in- 
formation to the telephone equipment adapter of the 
message information receiving side. 
[0090] According to another aspect of the present in- 
vention, the internet telephone network system compris- 

35 es the PSTN_line_signal_processing_unit which inputs 
from the telephone equipment an erasing information to 
erase the address information and the identification in- 
formation stored in the address translation table, and the 
IP_address_learning_unit erases the address informa- 

40 tion and the identification information stored in the ad- 
dress translation table according to the erasing informa- 
tion. 

[0091] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es es either one of the PSTN_line_signaLprocessing_unit 
and the IP_network_communication_processing_unit 
which alarms any one of the IP network, the telephone 
equipment, and the PSTN line when an error occurs as 
a result of carrying out control of the telephone equip- 
50 ment adapter according to the control information stored 
in the control_information_storing_unit. 
[0092] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es either one of the PSTN_line_signaLprocessing_unit 
55 and the IP_network_communication_processing_unit 
which detects that communication is unable due to a fail- 
ure occurring at either one of the IP network and the 
PSTN line, and alarms any one of the IP network, the 
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telephone equipment, and the PSTN line. 
[0093] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the either one of the PSTN_line_signaLprocessing_ 
unit and the IP_network_communication_processing_ 
unit which notifies of restoration to any one of the IP net- 
work, the telephone equipment, and the PSTN line after 
the failure is restored. 

[0094] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es either one of the PSTNJine_signal_processing_unit 
and the lP_network_communication_processing_unit 
which notifies of the process in progress mode to an an- 
other telephone equipment requesting for connection to 
a telephone equipment connected to a telephone equip- 
ment adapter performing any one of the processes of a 
PSTN line communication process, a RTP communica- 
tion process, and an HTTP communication process. 
[0095] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the relay server which manages communication be- 
tween a certain telephone equipment adapter and an 
another telephone equipment adapter by using a com- 
munication connection identification information, and 
stores the communication connection identification in- 
formation in a packet information, and outputs the pack- 
et information to the IP network. 
[0096] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the relay server which manages and stores at least 
either one of a communication time and an amount of 
communication packet as a log information by mapping 
to the communication connection identification informa- 
tion. 

[0097] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit of 
the telephone equipment adapter managed by the relay 
server which transmits at least one of the GET, POST 
and PUT method messages to the relay server by the 
HTTP access. 

[0098] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the HTTP_communication_processing_jjnit of the 
relay server which stores the message information in a 
reply message to the HTTP access by the 
IP_network_communication_processing_unit of the tel- 
ephone equipment adapter, and transmits the reply 
message to the telephone equipment adapter, the 
IP_network_communication_processing_unit of the tel- 
ephone equipment adapter managed by the relay server 
which receives the replay message transmitted from the 
relay server, and extracts the message information 
stored in the reply message received. 
[0099] According to another aspect of the present in- 
vention, the internet telephone network system, com- 
prises the message information which has a size one 
message information, the IP_network_communication_ 



processing_unit of the telephone equipment adapt r 
which is managed by the relay server stores a GET 
method message in the packet information used to ob- 
tain a size two message information that is larger than 
5 the size one message information, for obtaining the size 
one message information from the relay server, and 
transmits the GET message to the relay server by using 
the HTTP access, and receives the reply message 
transmitted from the relay server by using the HTTP ac- 
cess! 

[0100] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit of 
the telephone equipment adapter managed by the relay 
server which maintains connection to the relay server 
and receives more than one reply messages until a total 
size of the size one message information which is stored 
in the reply message transmitted from the relay server 
exceeds the size two. 

[0101] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit of 
the telephone equipment adapter managed by the relay 
server which re-attempts connection if cut off connec- 
tion at either one of the timing of during and immediately 
after the communication to the HTTP_communication_ 
processing_unit of the relay server, continues the con- 
nection, and performs the communication. 
[01 02] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the IP_network_communication_processing_unit of 
the telephone equipment adapter managed by the relay 
server which discontinues the connection to the relay 
server if there is no reply coming from the relay server 
after a pre-determined amount of time at either one of 
the timings of during the communication and immedi- 
ately after the communication to the HTTP_communi- 
cation_processing_unit of the relay server, re-attempt 
the connection and continues the communication. 
[0103] According to another aspect of the present in- 
vention, the internet telephone network system has a 
telephone equipment managing device as either one of 
PBX and button telephone for managing a plurality of 
telephone equipment placed in between the plurality of 
telephone equipment and the telephone equipment 
adapter, comprises the PSTNJine_signal_processing_ 
unit of the telephone equipment adapter which receives 
an identification information of the destination telephone 
equipment of the message information receiving side 
from the telephone equipment of the message informa- 
tion transmitting side, and transmits the identification in- 
formation received to the telephone equipment manag- 
ing device. 

[0104] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the destination telephone equipment of the message 
information receiving side which has a number display 
function for displaying an identification number of the 
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message information transmitting side, and connects to 
the telephone equipment adapter, and the PSTN_ 
line_signaLprocessing_unit of the telephone equip- 
ment adapter connected to a telephone equipment hav- 
ing the number display function receives an identifica- 
tion information of the message information transmitting 
side, and transmits the identification information re- 
ceived to the telephone equipment having the number 
display function. 

[0105] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the destination telephone equipment of the message 
information receiving side which has a number display 
function for displaying an identification number of the 
message information transmitting side, and connects to 
the telephone equipment adapter, and the PSTN_ 
line_signal_processing_unit of the telephone equip- 
ment adapter connected to a telephone equipment of 
the message information transmitting side which trans- 
mits an identification information for identifying the tel- 
ephone equipment of the message information transmit- 
ting side to the destination telephone equipment adapter 
of the message information receiving side when trans- 
mitting the message information via the IP network. 
[01 06] According to another aspect of the present in- 
vention, the internet telephone network system compris- 
es the telephone equipment of the message information 
transmitting side which outputs the identification infor- 
mation including an non-notification information which 
instructs not to notify the identification number of the tel- 
ephone equipment of the message information transmit- 
ting side to the destination telephone equipment of the 
message information receiving side, and the PSTN_ 
line_signaLprocessing_unit of the telephone equip- 
ment adapter connected to the telephone equipment of 
the message information transmitting side which does 
not transmit the identification information to the destina- 
tion telephone equipment adapter of the message infor- 
mation receiving side when the non-notification informa- 
tion is included in the identification information. 
[0107] According to another aspect of the present in- 
vention, a network access method for accessing a net- 
work including a digital communication line for commu- 
nicating digital data and an analog communication line 
for communicating analog data, the network access 
method comprising: inputting message information from 
a telephone equipment; selecting a route from an IP (in- 
ternet protocol) network and a PSTN (Public Switched 
Telephone Network) line; and outputting the information 
to the route selected. The network access method com- 
prises: generating route selecting information to select 
the route from the IP network and the PSTN line, input- 
ting the route selecting information, and outputting the 
message information to the one of the IP network and 
the PSTN line based on the route selecting information. 
[01 08] According to another aspect of the present in- 
vention, a telephone equipment adapter comprises in- 
putting message information from a telephone equip- 



ment, selecting a route from an IP (internet protocol) net- 
work and a PSTN (Public Switched Telephone Network) 
line; and outputting the information to the route selected. 
The telephone equipment adapter comprises: a 

5 PSTNjJine_signal_processing_unit for inputting the 
message information outputted from the telephone 
equipment; an IP_network_communication_proces- 
sing_unit for executing at least one of transmission and 
reception of the message information via the IP network; 

10 a designation identifying unit for generating route select- 
ing information to select the route from the IP network 
and the PSTN line; and a line_connection_ 
switching_unit for inputting the route selecting informa- 
tion, and outputting the message information inputted 

15 from the PSTNJine_signal_processing_unit, to the one 
of the IP network and the PSTN line based on the route 
selecting information. 

Brief Description of the Drawings 

20 

[0109] 

Fig. 1 shows a network configuration of the internet 
telephone network system of Embodiment 1 . 

25 Fig. 2 shows a general view of an image of the tel- 
ephone equipment adapter of Embodiment 1. 
Fig. 3 shows a configuration of various units of the 
telephone equipment adapter of Embodiment 1. 
Fig. 4 shows a functional flow chart of the telephone 

30 equipment adapter of Embodiment 1 . 

Fig. 5 shows a functional flow chart of the telephone 
equipment adapter of Embodiment 1. 
Fig. 6 shows a functional flow chart of the telephone 
equipment adapter of Embodiment 1 . 

35 Fig. 7 shows a functional flow chart of the telephone 
equipment adapter of Embodiment 1 . 
Fig. 8 describes a learning function of the telephone 
equipment adapter of Embodiment 2. 
Fig. 9 shows a configuration of various units of the 

40 telephone equipment adapter in Embodiment 2. 

Fig. 10 shows a functional flow chart of the tele- 
phone equipment adapter of Embodiment 2. 
Fig. 11 shows a functional flow chart of the tele- 
phone equipment adapter of Embodiment 2. 

45 Fig. 12 shows a flow chart of various units of the 
telephone equipment adapter of Embodiment 3. 
Fig. 13 shows a network configuration of the inter- 
net telephone network system using the telephone 
equipment adapter of Embodiment 3. 

so Fig. 14 shows a flow chart of various units of the 
telephone equipment adapter of Embodiment 3. 
Fig. 15 shows one example of permission data 
stored in the permission data storing unit of Embod- 
iment 3. 

55 Fig. 1 6 shows a configuration of various units in the 
telephone equipment adapter of Embodiment 4. 
Fig. 17 shows a network configuration of the inter- 
net telephone network system of Embodiment 5 
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protected by firewall. 

Fig. 18 shows a configuration of the IP network 
communication processing unit of Embodiment 5. 
Fig. 19 shows a functional flow chart of the tele- 
phone equipment adapter of Embodiment 5. 5 
Fig. 20 shows a functional flow chart of the tele- 
phone equipment adapter of Embodiment 5. 
Fig. 21 shows a functional flow chart of the tele- 
phone equipment adapter of Embodiment 5. 
Fig. 22 shows a configuration of the voice data 10 
packet of Embodiment 5. 

Fig. 23 shows a configuration of the IP network 
communication processing unit of Embodiment 6. 
Fig. 24 shows a configuration of the IP network 
communication processing unit of Embodiment 7. 15 
Fig. 25 shows a configuration of the IP network 
communication processing unit of Embodiment 7. 
Fig. 26 shows a network configuration of the inter- 
net telephone network system of Embodiment 8, 
which is provided with the telephone equipment 20 
adapter, the HTTP relay server, and the firewall. 
Fig. 27 shows a configuration of various units of the 
HTTP relay server of Embodiment 8. 
Fig. 28 shows a configuration of IP network com- 
munication processing unit of Embodiment 8. 25 
Fig. 29 shows a configuration of various units of the 
HTTP relay server managing server and the HTTP 
relay server of Embodiment 8. 
Fig. 30 shows a configuration of various units of the 
HTTP relay server managing server and the HTTP 30 
relay server of Embodiment 8. 
Fig. 31 describe HTTP relay server execution meth- 
od of Embodiment 8 at (A), (B), and (C), for com- 
municating beyond the firewall. 
Fig. 32 shows a functional flow chart of the tele- 35 
phone equipment adapter using HTTP relay server 
of Embodiment 8. 

Fig. 33 shows a functional flow chart of the tele- 
phone equipment adapter using HTTP relay server 
of Embodiment 8. *o 
Fig. 34 shows a functional flow chart of the HTTP 
relay server of Embodiment 8. 
Fig. 35 shows a configuration of various units of the 
telephone equipment adapter of Embodiment 9. 
Fig. 36 shows a configuration of various units of the 45 
telephone equipment adapter of Embodiment 10. 
Fig. 37 shows a configuration of various units of the 
telephone equipment adapter of Embodiment 11. 
Fig. 38 shows a configuration of an outline for com- 
municating between two users using both tele- so 
phone equipment and telephone equipment adapt- 
er in Embodiment 14. 

Fig. 39 shows one example of sequential procedure 
of transmitting and receiving the IP address in Em- 
bodiment 14. 55 
Fig. 40 shows an example of identification number 
for different communication enterprises for Embod- 
iment 15. 



Fig. 41 shows a plurality of telephon line conn c- 
tions in use by using a typical telephone managing 
device for the Embodiment 16 
Fig. 42 shows a plurality of telephon line connec- 
tion in use by using a telephon managing device 
connected to the telephone equipment adapter for 
the Embodiment 16. 

Fig. 43 shows a pattern of making telephone call 
from a third individual where the three communica- 
tion methods including PSTN line method, UDP 
method and HTTP method coexist, for the Embod- 
iment 20. 

Fig. 44 shows a configuration of the conventional 
internet telephone equipment adapter. 

I 

Preferred Embodiments 
Embodiment 1 . 

[0110] Herein below, one example of the internet tel- 
ephone network system of the present invention is de- 
scribed with reference to the drawings. 
[01 1 1] The drawing of Fig. 1 shows a configuration of 
the internet telephone network system of the Embodi- 
ment 1 . 

[01 1 2] In Fig. 1 , the reference numerals 1 0 and 20 de- 
note typical telephone sets. The reference numerals 12 
and 22 denote telephone equipment adapters. The ref- 
erence numeral 1 1 denotes an indoor telephone line for 
connecting the telephone set 10 and the telephone 
equipment adapter 12. The reference numeral 21 de- 
notes an indoor telephone line for connecting the tele- 
phone set 20 and the telephone equipment adapter 22. 
The reference numeral 1 3 denotes a PSTN line. Exam- 
ple of the PSTN line 13 is a telephone line. The PSTN 
line 1 3 connects the telephone equipment adapter 1 2 
and the telephone equipment adapter 22. The reference 
numerals 1 4 and 24 denote IP networks that are the ex- 
amples of data communication networks. The IP net- 
works 14 and 24 connect the telephone equipment 
adapters 12 and 22. The reference numeral 16 denotes 
an intranet or the internet. The reference numerals 1 5 
and 25 denote routers. The router 15 controls between 
the internet/intranet 16 and the IP network 14. The rout- 
er 25 controls between the internet/intranet 16 and the 
IP network 24. 

[01 1 3] The drawing of Fig. 2 shows a general view of 
an image of connecting the telephone equipment adapt- 
er 12 to the telephone set 10. 
[0114] As illustrated in Fig. 1, the telephone set 10 and 
the telephone equipment adapter 1 2 is connected by the 
indoor telephone line 11. As in Fig. 2, the telephone 
equipment adapter 12 connects the IP network 14 and 
the PSTN line 13 and a power cord 170. In addition to 
that, the telephone equipment adapter 1 2 has a LED dis- 
play 191 indicating situations such as "power on' mode 
and "communication in progress' mode. 
[01 15] The drawing of Fig. 3 shows a configuration of 



12 



23 



EP 1 235 416 A1 



24 



the telephone equipment adapter of the Embodiment 1 . 
[0116] The description of reference numerals in Fig. 
3 follows below. The reference numeral 100 denotes a 
line_connection_switching_unit for switching the con- 
nection line (the PSTN line 13, the IP network 14) if the s 
destination telephone set is connectable via the IP net- 
work. The reference numeral 1100 denotes a PSTN 
line_signal_transmitting/receiving_unit for transmitting 
and receiving to the telephone set 10 an analog voice 
data which is one of the communication information via 
the PSTN line 13. The reference numeral 5000 denotes 
an IP_network_communication_processing_unit for 
transmitting and receiving a digital voice data which is 
one of the communication information via the IP network 
14. The reference numeral 200 denotes a designation 
identifying unit for identifying if the communication infor- 
mation can be transmitted and received to/at the desti- 
nation telephone set connected to the same type of tel- 
ephone equipment adapter via the IP network. The ref- 
erence numeral 302 denotes an address translation ta- 
ble. The telephone number is one of the identification 
information. The internet protocol address is an address 
information required to transmit the communication in- 
formation to the destination telephone equipment via the 
IP network. The telephone number and the internet pro- 
tocol address are mapped and stored in the address 
translation table 302. The reference numeral 300 de- 
notes a telephone_number/IP_address_translation_ 
unit for referring to the address translation table 302 us- 
ing the telephone number inputted from the telephone 
set 1 0, and translating it to the internet protocol address 
(hereinafter referred to as IP address). In simple terms, 
the telephone_number/IP_address_translation_unit 
300 is an address translation unit. The reference numer- 
al 500 denotes a digitaLvoice_data/analog_voice 
data_converting_unit for converting the digital voice da- 
ta from the IP network to the analog voice data recog- 
nizable by the telephone set 1 0. The reference numeral 
600 denotes an analog_voice_data/digital_voice_ 
data_converting_unit for converting the analog voice 
data which is a communication information inputted 
from the telephone set 10 to the digital voice data to be 
transmitted via the IP network 14. In simple terms, the 
analog_voice_data/digital_voice_data_converting_unit 
600 is an analog/digital converting unit. 
[0117] With reference to Fig. 3, a private branch ex- 
change (hereinafter abbreviated to as PBX) 190 is 
placed in between the telephone set 10 and the tele- 
phone equipment adapter 12. The PBX 190 allows the 
switching of the connection lines. The PBX 190 is not 
always necessary. An advantage of placing the PBX 1 90 
is that only a single telephone equipment adapter 12 is 
needed among a plurality of telephone sets. The PBX 
190 shall be described later in the specification. 
[01 1 8] The operation is now described with reference 
to the flow charts of Figs. 4 and 5. For the purpose of 
simplifying the explanation, the telephone set 1 0 and the 
telephone equipment adapter 12 altogether shall be re- 



garded as "calling side" and the telephone set 20 and 
the telephone equipment adapter 22 altogether shall be 
regarded as "call receiving side". 
[0119] To being with, the telephone equipment adapt- 
er 12 »is power on in step S10. In step S11, a 
PSTN Jine_signal_transmitting/receiving_unit 1 1 00 
and an IP_network_communication_processing_unit 
5000 check whether or not there is any call from other 
telephone sets. If the call is ringing from the PSTN line 
side (step S12), then the PSTN_line_signal_transmit- 
ting/receiving_unit 1100 transmits a ringing tone input- 
ted from the PSTN line 13 from the telephone set 20 to 
the telephone set 1 0 as it is. Then, the telephone set 20 
waits until the receiver of the telephone set 10 is picked 
up (step S13). If the receiver of the telephone set 10 is 
not picked up or if the call from the telephone set 20 
finishes, then return to the step S10. If the receiver is 
picked up in step S14, the communication enters the 
communication mode via the PSTNJine, and the com- 
munication goes on until disconnected (steps S15 and 
S30). If the call is ringing from the IP network side, then 
the PSTNJine_signaUransmitting/receiving_unit 1100 
transmits a ringing tone to the telephone set 10, and 
waits until the receiver is picked up (step.S1 6). If the call 
from the telephone set 20 finishes in step S17, then re- 
turn to the step S10. If the receiver is picked up, then in 
step S1 8, the communication enters the communication 
mode via the IP network, and the communication goes 
on until disconnected. 

[0120] The process procedure of step S18 is de- 
scribed in detail with reference to the flow chart of Fig. 7. 
[0121] With reference to Fig. 7, in step S1000, the 
IP_network_communication_processing_unit 5000 
checks if a data is received from the IP network 1 4. The 
process ends if no data is being received. If the data is 
being received, then in step S1001, the IP_ 
network_communication_processing_unit 5000 deletes 
an IP header from the data received. Note that the re- 
ceived data is inputted from the IP network 14. The re- 
ceived data is a digital voice data. The digital voice data 
is a packet information. Following on, in step S1 002, the 
IP_network_communication_processing_unit 5000 fur- 
ther deletes a communication protocol header from the 
data that removed the IP header. In step St 003, the ob- 
tained digital voice data is decoded. Next, in step S1 004, 
the lP_network_communication_processing_unit 5000 
converts the decoded digital voice data to the analog 
voice data. Then, the IP_network_communication_ 
processing_unit 5000 transmits the analog voice data 
converted by the digital_voice_data/analog_voice_ 
data_converting_unit 500 to the PSTNJine_signal_ 
transmitting/receiving_unit 1100. In step S1005, the 
PSTN Jine_signal_transmitting/receiving_unit 1 1 00 
transmits the transmitted analog voice data to the tele- 
phone set 1 0. After finishing the transmission of the an- 
alog voice data to the telephone set 10, in order to de- 
cide if the communication should go on or not, the com- 
munication process continues by returning to step 
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S2000 of Fig. 6 which shall be described later in the 
specification. 

[0122] What is meant by the communication mode 
mentioned in step S18 of Fig. 5 is that the 
analog_voice_data/digitaLvoice_data_converting_unit 
6000 of the telephone equipment adapter 22 converts 
an analog voice signal from the telephone set 20 to a 
digital voice data. The digital voice data is transmitted 
to the IP network 24. This is illustrated in Figs. 6 and 7. 
On the other hand, the digital_voice_data/ 
analog_voice_data_converting_unit 500 converts the 
digital voice data transmitted via the internet/intranet to 
an analog voice data, and transmits the analog voice 
data to the telephone set 1 0. 

[0123] Now, back to the beginning of the processes, 
in step S11 when there is no call from other telephone 
sets at all, the PSTNJine_signaLtransmitting/ 
receiving_unit 1100 confirms if a receiver of its own tel- 
ephone set 10 is picked up in step S20. At this time, if 
the receiver is not picked up, then return to step S10. If 
the receiver is picked up, the PSTN_line_signal_trans- 
mitting/receiving_unit 1 1 00 transmits a tone of notifying 
the telephone set 10 that it is ready for the telephone 
number inputting mode, and confirms the input of the 
telephone number -in step 521. In- step S22, the 
telephone_number/IP_address_translation_unit 300 
refers to the address translation table and obtains the 
IP address of the destination telephone set 20 based on 
the inputted telephone number. If the IP address is ob- 
tained properly in step S23, the designation identifying 
unit 200 creates a path selection information for trans- 
mitting and receiving the communication information via 
the IP network. The line_connection_switching_unit 1 00 
activates the lP_network_communication_processing_ 
unit 5000. The IP_network_communication_proces- 
sing_unit 5000 transmits a digital signal for calling the 
destination telephone set 20. The telephone sets 1 0 and 
20 enter a communication mode when the receiver of 
the telephone set 20 is picked up. The communication 
goes on until disconnected in step S24. 
[0124] The detailed explanation of step S24 in Fig. 4 
is described with reference to Fig. 6. 
[0125] With reference to Fig. 6, in step S2000, the IP_ 
network_communication_processing_unit 5000 con- 
firms if the receiver of the telephone set 1 0 is put back 
or not. Following on, in step S2001, the IP_network_ 
communication_processing_unit 5000 confirms if a 
voice is input by the telephone set 1 0 during the set time. 
If a voice is input in the set time, then the analog^ 
voice_dataydigital_voice_data_converting_unit 600 
converts the inputted analog voice data into the digital 
voice data. The IP_network_communication_proces- 
sing_unit 5000 collects the voice data during a sampling 
time that is previously determined. The collected voice 
data during the pre-determined time is converted from 
the analog data to the digital data. The digital voice data 
is transmitted to the destination telephone set 20 in step 
S2002. The converted digital voice data is handed over 



to the IP_network_communication_processing_unit 
5000, and the voice data is compressed (coded) in step 
S2003. Then, the IP_network_communication_proces- 
sing_unit 5000 attaches a communication protocol 
5 header to the coded voice data itself in step S2004. Fur- 
ther, an IP header is attached to this data in step S2005. 
The created data is transmitted to the IP network 14 in 
step S2006. The process advances to the next stage of 
confirming the returning of communication information 
w from the telephone set 20 via the IP network 24 as in 
step S1000 of Fig. 7. Explanation of the processes in 
Fig. 7 is omitted herewith. Refer to the detailed expla- 
nation of step S18 in Fig. 5 for the process of Fig. 7. 
[0126] If not translated properly to the IP address, 
15 then the designation identifying unit 200 creates a path 
selection information in such a way that allows the com- 
munication information to be transmitted and received 
via the PSTN line. The line_connection_switching_unit 
100 switches the connection line to the PSTN line 13 
20 and activates the PSTN_line_signal_transmitting/ 
receiving_unit 1100. In step S25, the PSTN_ 
line_signal_transmitting/receiving_unit 1100 transmits 
a call tone via the PSTN line 1 3 to a telephone set having 
a telephone number corresponding to the telephone 
25 number input by the telephone set 10. In step S30, the 
communication enters the communication mode via the 
PSTN line if the destination receiver is picked up. The 
communication goes on until disconnected. 
[01 27] The case in which the receiver of the telephone 
30 set 20 is not picked up is not described in the flow chart 
of Fig. 4. This is the case of disconnecting itself and re- 
turning to the first step of S10. 
[01 28] The telephone equipment adapter of Embodi- 
ment 1 connects a telephone line to both the PSTN line 
35 and the IP network. The telephone line such as PBX is 
connected by a typical telephone set (dial, push button 
type). The telephone equipment adapter decides if a tel- 
ephone call can be made from a telephone set and can 
be connected to the destination telephone set via the IP 
network. Based on the decision, the line_connection_ 
switching_unit 100 automatically switches the connec- 
tion line. The telephone call is made via the IP network 
if decided as possible. However, if the telephone call 
cannot be made via the IP network, then the telephone 
45 call is made via the PSTN line. Such cases are as fol- 
lows. The telephone number cannot be converted to the 
IP address. The destination telephone set is not con- 
nected to the IP network. The telephone equipment 
adapter between the telephone set 20, and the IP net- 
so work 24 is not interchangeable to the telephone equip- 
ment adapter 12. 

[0129] As so far described if the call destination tele- 
phone set is geared for communication via the IP net- 
work, then the IP network side is used. If not, the PSTN 
55 line side is used to make a telephone call. With the au- 
tomatic switching of the connection line to the IP network 
side or to the PSTN line side, the user only has to set 
up the telephone set and the telephone equipment 
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adapter once. The user can transmit or receive commu- 
nication information via any one of the PSTN line or the 
IP network as desired without too much trouble. 
[0130] Accordingly, the internet telephone network 
system of Embodiment 1 comprises the line_connec- s 
tion_switching_unit 100, the PSTN_line_signal_trans- 
mitting/receiving_unit 1100, and the IP_network_ 
communication_processing_unit 5000. The line_ 
connection_switching_unit 1 00 switches the connection 
line based on a result of checking the possibility of con- to 
necting to the destination telephone set via the IP net- 
work when making a call from a typical telephone set 
connected to both the PSTN line and an IP network con- 
figured to IP communication (hereinafter simply referred 
to as IP network). The PSTN_line_signal_transmitting/ 15 
receiving_unit 11 00 transmits and receives a signal be- 
tween the telephone sets on the PSTN line. The IP_ 
network_communication_processing_unit 5000 trans- 
mits and receives the IP network signal of the IP network 
side. If the communication is possible on the IP network, 20 
then a telephone call is made via the IP network. If the 
communication is not possible on the IP network, then 
a telephone call is made via the PSTN line. 
[0131] In addition. to that, the internet telephone net- 
work system of Embodiment 1 comprises the designa- 25 
tion identifying unit 200. The designation identifying unit 
200 decides whether or not a telephone call can be 
made from a telephone set connected to a telephone 
equipment adapter to an another telephone set connect- 
ed to the same type of telephone equipment adapter via 30 
the IP network. A telephone call can be made via the IP 
network accordingly. 

[0132] In addition to that, the internet telephone net- 
work system of Embodiment 1 comprises the tele- 
phone_number/IP_address_translation_unit 300. The 35 
telephone^ umber/I P_address_translation_unit 300 
automatically translates a telephone number of a gen- 
eral PSTN line to the internet protocol address (herein- 
after referred to as IP address) when the telephone call 
can be made via the IP network. This way, the telephone 4 0 
number that was being used by the user can be adapted 
as it is, to make a telephone call via the IP network. 
[0133] In addition to that, the internet telephone net- 
work system of Embodiment 1 comprises the 
digital_voice_data/analog_voice_data_converting_unit 45 
500 and the analog_voice_data/digital_voice_data_ 
converting_unit 600. The digital_voice_data/analog_ 
voice_data_converting_unit 500 converts a digital voice 
data from the IP network to the analog voice signal for 
transmitting to the telephone set 1 0 in order to allow for 50 
the voice communication from a telephone set connect- 
ed to the telephone equipment adapter to the telephone 
set 10 connected to the IP network side. The 
analog_voice_data/digital_voice_data_converting_unit 
600 converts the analog voice data from the telephone 55 
set 10 to the digital voice data. The digital voice data is 
transmitted via the IP network side. The telephone call 
can be made via the IP network. This is made possible 



by the bi-directional conversion of digital voice data and 
analog voice data. 

Embodiment 2 

[0134] In the Embodiment 2, the designation identify- 
ing unit 200 of destination telephone set transmits its IP 
address if that IP address is not registered in the ad- 
dress translation table 302 of the calling side. The IP 
address transmitted from the destination telephone set 
is registered to the address translation table 302 in the 
telephone equipment adapter of the calling side. 
[01 35] The drawing of Fig. 8 explains a learning func- 
tion possessed by the designation identifying unit 200 
in the Embodiment 2. * 
[0136] Referring to Fig. 8, a telephone call is made 
from the telephone set 1 0 to the telephone set 20. If the 
IP address of the telephone set 20 is not registered in 
the address translation table 302 of the telephone equip- 
ment adapter 12, then the following procedures will ap- 
ply: 

1 . if the IP address is not registered in the address 
translation table 302, a telephone call is made via 
the PSTN line. 

2. after finishing the call, the IP addressesare ex- 
changed, and the received IP address is registered 
to their respective address translation tables 302. 

3. the IP address stored in the address translation 
table 302 is referred to make a second telephone 
call onwards via the IP network. 

[0137] The procedures 1 , 2, and 3 mentioned above 
is the learning function for obtaining the IP address of 
the destination side, which is equipped by the designa- 
tion identifying unit 200. 

[01 38] The drawing of Fig. 9 shows a configuration di- 
agram of each unit of the telephone equipment adapter 
of the present invention. 

[0139] Referring to Fig. 9, the PSTNJine_signal_ 
transmitting/receiving_unit 1100 transmits an IP ad- 
dress information upon putting the receiver back after a 
call is made via a general PSTN line. The reference nu- 
meral 400 denotes an IP_address_learning_unitfor giv- 
ing an instruction to the PSTN Jine_signaLtransmitting/ 
receiving_unit 1 1 00 for obtaining an IP address from the 
telephone equipment adapter connected to the destina- 
tion telephone set. The IP address is mapped to the tel- 
ephone number used in the conventional general PSTN 
line. The IP_addressJearning_unit 400 is provided at 
the designation identifying unit 200. 
[0140] The operation of the telephone equipment 
adapter shown in Fig. 9 is now described with reference 
to the flow charts of Fig. 1 0 and Fig. 11 . 
[0141] The whole process of making a telephone call 
is same as Fig. 4 and Fig.5 of Embodiment 1. That is, 
steps S10 -S30 of Fig. 4 and Fig. 5 are equivalent to 
the steps S10-S30 of Fig. 10 and Fig. 11. 
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[0142] The additional process to note in Figs. 10 and 
11 compared to Figs. 4 and 5 is that if a telephone call 
cannot be made from the telephone set 10 via the IP 
network, then the IP addresses are exchanged after 
confirming that the telephone equipment adapter is of 
the same kind upon finishing the call. A similar process 
is added in both cases of. making and receiving a tele- 
phone call. 

[0143] Operation of the former case, that is, the case 
of making a telephone call from the telephone set 10 is 
now described. In step S25, the telephone communica- 
tion via the PSTN line finishes. In step S40, the 
IP_addressJearning_unit400 instructs the PSTNJine_ 
signaLtransmitting/receiving_unit 1100 to transmit a 
tone signal to inquire if the destination telephone set is 
connected to the telephone equipment adapter of the 
same kind. As a result of the inquiry, in step S41, if a 
configuration of the telephone equipment adapter of the 
destination telephone set is not interchangeable to the 
configuration of the telephone equipment adapter illus- 
trated in Fig. 9, then the process finishes because there 
is no response from the telephone equipment adapter 
of the destination telephone set after waiting for a pre- 
determined amount of time. If however, the telephone 
equipment adapter of the destination telephone set is of 
the same kind in step S41 , then there will be a response. 
So that in step S42, the IP_addressJearning_unit 400 
instructs the PSTN_line_signaUransmitting/receiving_ 
unit 1100 to transmit the IP address to the telephone 
equipment adapter of the destination telephone set us- 
ing the analog signal tone. Its own IP address is stored 
in the address translation table 302 along with its tele- 
phone number. The PSTN_line_signaLtransmitting/ 
receiving_unit 1100 refers to the address translation ta- 
ble 302 and obtains its own IP address corresponding 
to its telephone number. Alternatively, the IP_address_ 
learning_unit 400 may refer to the address translation 
table 302 for obtaining the IP address mapped to its tel- 
ephone number, and may pass the obtained IP address 
onto the PSTN_line_signal_transmitting/receiving_unit 
1100. Following on, the destination telephone equip- 
ment adapter transmits its IP address and the 
PSTNJine_signalJransmitting/receiving_unit 1100 re- 
ceives the IP address. The PSTNJine_signal_trans- 
mitting/receiving_unit 1100 transmits the received IP 
address to the IP_address_learning_unit 400. The 
IP_addressJearning_unit-400 stores the received IP 
address along with the destination telephone number in 
the address translation table 302 in step S43. 
[0144] The operation of the latter case, that is, the 
case of receiving a telephone call is now described. In 
step S30, a telephone communication via the PSTN line 
finishes. The telephone equipment adapter of the des- 
tination telephone set making a telephone call transmits 
a tone signal for inquiring whether a telephone equip- 
ment adapter is interchangeable or not. The PSTN_ 
line_signaljransmitting/receiving_unit 1100 receives a 
tone signal transmitted from the telephone equipment 



adapter connected to the destination telephone set, and 
sends a response tone signal within a pre-determined 
time in step S50. Return to step S1 0 if the inquiring tone 
signal from the destination telephone equipment adapt- 

5 er does not reach. After responding by sending a tone 
signal, the IP address of the destination telephone 
equipment adapter is transmitted, therefore, the PSTN_ 
line_signal_transmitting/receiving_unit 1100 receives 
the transmitted I P address, and hands over the received 

10 IP address to the IP_address_learning_unit 400. The 
IP_address_learning_unit 400 stores the destination 
telephone number and IP address to the address trans- 
lation table 302 in step S51 . The destination telephone 
number is sent along with the IP address. Alternatively, 

15 in the case of receiving a telephone call from the desti- 
nation telephone set, the destination telephone number 
is obtained and temporarily stored in the PSTNJine_ 
signatjransmitting/receiving_unit 1100 or the IP_ 
address_learning_unit 400. Following on, the IP_ 

20 addressjearning_unit 400 obtains its own telephone 
number and the IP address from the address translation 
table 302 and notifies the telephone number and the IP 
address to the PSTNJine_signal_transmitting/recei- 
ving_unit 1100. The PSTNJine_signalJransmitting/re- 

25 ceiving_unit 1100 transmits the notified telephone 
number and the IP address by means of analog signal 
tone to the destination telephone set in step S52. Note 
that only IP address may be notified here. 
[01 45] In the operations described as per above have 

30 regarded the IP addresses are exchanged after finishing 
the communication, however, such exchanges may be 
done before the start of the communication immediately 
after picking up the receiver of the telephone set. 
[0146] As described, the lP_address_learning_unit 

35 400 is provided for receiving the IP address mapping to 
the telephone number of the destination telephone set 
after making a call via the PSTN line. Likewise, the 
IP_address_learning_unit 400 notifies the IP address 
mapping to the telephone number of its own telephone 

^0 after finishing a telephone call via the PSTN line. An ex- 
tra process of looking up the IP address of the destina- 
tion and setting the information to the address transla- 
tion table 302 is no longer necessary. 
[0147] Accordingly, the internet telephone network 
system of Embodiment 2 comprises the PSTN_line_ 
signaUransmitting/receiving_unit 1100 and the IP_ 
addressjearning_unit 400. The PSTN_line_signaL 
transmitting/receiving_unit 1100 exchanges the IP ad- 
dress information upon finishing the telephone commu- 

50 nication with the destination telephone set connected to 
the telephone equipment adapter of the same kind or of 
the present invention having an interchangeable config- 
uration. The lP_addressJearning_unit 400 maps and 
stores the IP address and the telephone number being 

55 used in the conventional PSTN line. The IP_address_ 
learning_unit 400 equipped in the internet telephone 
network system of the present embodiment allows an 
automatic usage of the IP network from the second tel- 
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ephone call onwards. 
Embodiment 3 

[0148] In the Embodiment 3, the telephone equipment 5 
adapter is equipped with a tele-conference function. The 
Embodiment 3 describes an example of carrying out the 
tele-conference using a telephone set connected to the 
telephone equipment adapter. 

[0149] Fig. 12 shows a configuration of various parts 10 
of the telephone equipment adapter of Embodiment 3. 
[01 50] Referring to Fig. 1 2, the reference numeral 700 
denotes a voice_data_mixing_unit 700 for mixing more 
than two voice data other than your own voice speaking 
using the telephone set 10 and outputting the mixed is 
voices. The reference numeral 800 denotes a tele- 
conference Jdentification_number_managing_unit for 
managing the set identification number of the tele-con- 
ference. The reference numeral 900 denotes a 
telephone_set_identification_number_managing_unit 20 
for managing the telephone identification number of the 
participants in the tele-conference. The reference nu- 
meral 1000 denotes a tele-conference_attendance_ 
password_managing_unit for storing and managing the 
passwords registered by the participants of the tele-con- 25 
ference. The tele-conference_identification_number_ 
managing_unit 800, the telephone_set_identification_ 
number_managing_unit 900, and the tele-conference_ 
attendance_password_managing_unit 1000 altogether 
comprises a simultaneous_call_managing_unit 850. 30 
The simultaneous_call_managing_unit 850 comprises 
a permission_data_storing_unit 855 for storing the tele- 
conference attendance passwords or the telephone 
identification number or tele-conference identification 
number as a permission data. The tele-conference_ 35 
identification_number_managing_unit 800, the 
telephone_seUdentification_number_managing_unit 
900, and the tele-conference_attendance_pass- 
word_managing_unit 1000 refer to the permission. 
data_storing_unit 855 and manage the individuals or the 4 o 
telephone sets that are allowed to participate in the tele- 
conference. 

[0151] Fig. 13 shows a configuration of the internet 
telephone network system of Embodiment 3. 
[0152] Referring to Fig. 13, the reference numeral 30 45 
denotes a telephone set. The reference numeral 31 de- 
notes an indoor telephone line. The reference numeral 
32 denotes a telephone equipment adapter. The refer- 
ence numeral 34 denotes an IP network. The reference 
numeral 35 denotes a router. Refer to Fig. 1 for the de- so 
scription of other reference numerals of Fig. 13. 
[01 53] In the Embodiment 3, let's assume that the tel- 
ephone set 10 is communicating with the telephone set 
20 via the IP networks 14 and 24. While communication 
is taking place between the two, a telephone call is made ss 
to the telephone set 10 from a telephone set 30. The 
telephone set 30 requests to participate in the commu- 
nication. 



[0154] The operation is now described. 
[0155] The basic process of in making a telephone 
call is same as Figs. 4 and 5 of the Embodiment 1 . How- 
ever, unlike the situation in the Embodiment 1, the tele- 
conference is the communication is considered to be in- 
volving at least more than three individuals. A process 
of accepting the participation of a third individual who is 
using the telephone set 30 is needed while the two-in- 
dividuals are talking to one another using the telephone 
sets 1 0 and 20, respectively. This being the case, a proc- 
ess of confirming the participation of the next individual 
during the process of step S24 of Fig. 4 and step S18 
of Fig. 5 is needed. The detail of the process of the step 
S24 of Fig. 4 is shown in Fig. 6. The detail of the process 
of the step S18 of Fig. 5 is shown in Fig. 7. An extra 
process of confirming the tele-conference participants 
is described with reference to the flow chart of Fig. 14. 
The additional process of confirming the participation of 
three individuals onwards is added to Figs. 6 and 7 for 
describing the Fig. 14. 

[0156] For the detailed description starting from step 
S1 000 and finishing at step 1 005, refer to the step S200 
to step S2006 of Fig. 6. For the description starting from 
step 2000 and finishing at step 2006, refer to step S1 000 
to step S1005 of Fig. 7. Since they are the equivalent 
processes, the descriptions are omitted herewith. Addi- 
tional processes in Fig. 14 are the step S3000 for con- 
firming an incoming telephone call from a third individual 
onwards, and the step S3001 for adding a status of the 
new individual to the communication process if there is 
an incoming telephone call from the third individual. 
[0157] In the tele-conference, two individuals are 
communicating to each other via the IP network to begin 
with. Then, a third individual makes a call to either one 
of the two individuals via the IP network. At this situation, 
all of them are in the communication mode including the 
third individual. The same applies to the fourth individual 
onwards making telephone calls in the similar-manners. 
The process of confirming the participation of the third 
individual onwards is as follows. The voice_data_ 
mixing_unit 700 mixes more than two voice data other 
than your own voice received from the same kind of tel- 
ephone equipment adapters connected to the other tel- 
ephone sets via the IP network. For instance, the com- 
munication voices from the telephone sets 20 and 30 
mixed by the voice_data_mixing_unit 700 of the tele- 
phone equipment adapter 12 is output to the individual 
at the telephone set 10. 

[0158] In this embodiment, the voice_data_mixing_ 
unit 700 is built-in to the telephone equipment adapter. 
Another possible configuration is having the 
voice_data_mixing_unit 700 as a separate unit for trans- 
mitting the mixed voices of the other participants by 
eliminating own one to the other telephone equipment 
adapter. In this case, there is no need to provide the 
voice_data_mixing_unit 700 to the other telephone 
equipment adapters. 

[01 59] The procedures of confirming the participation 
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to the tele-conference described above is a procedure 
of confirming whether there is any more participation of 
individuals after third individual onwards during two in- 
dividuals are communicating to one another. A process 
of confirming whether the third individual is permitted in 
the tele-conference is not included in these procedures. 
If the communication among the three individuals is 
about a simple everyday matter of affairs and notifica- 
tion of liaison matters, there is no need to confirm wheth- 
er the participating individual is a permitted one or not, 
however, as for the tele-conference, there is definitely a 
need for that. Such that in the Embodiment 3, in order 
to confirm whether an individual wishing to participate 
in the tele-conference is a permitted one or not, an iden- 
tification number is attached to the tele-conference. Be- 
fore the start of communication, the individual must input 
the conference identification number that is one of the 
permission data. Three methods are considered. First 
method is to attach a tele-conference identification 
number to the tele-conference, and inputs the tele-con- 
ference identification number by an individual before 
communication, and to decide if the inputted tele-con- 
ference identification number is correct one or not. The 
tele-conference identification number is one of the per- 
mission data. Second method is to confirm whether the 
telephone set is allowed for participation to the tele-con- 
ference based on the telephone identification number of 
the telephone set making a telephone call. The tele- 
phone identification number is another permission data. 
Note that in this method, the telephone identification 
number is attached to the telephone set beforehand. 
The third method is to confirm whether the password is 
correct one or not. The password is an another permis- 
sion data input before starting communication. The 
three methods are described hereinbelow. 
[0160] To begin with, the first method of setting the 
tele-conference identification number is described. 
[0161] The tele-conference identification number is 
set to each tele-conference. The tele-conference iden- 
tification numbers set are previously stored in the 
permission_data_storing_unit 855. The tele-conference 
identification number is not stored in ail of the 
permission_data_storing_unit 855 of all of the tele- 
phone equipment adapters connected to the telephone 
sets participating in the tele-conference. The tele-con- 
ference identification number is only stored in the 
permission_data_storing_unit 855 of the telephone 
equipment adapter of the telephone set of the Chairman 
in the tele-conference. The telephone equipment adapt- 
er connected to the Chairman's telephone set confirms 
whether or not the participant can join the tele-confer- 
ence. The IP_network_communication_processing_ 
unit 5000 of the Chairman's telephone equipment adapt- 
er notifies a communication request from the IP network 
14 to the tele-conference_identification_number_ 
managing_unit 800. The tele-conference Jdentifi- 
cation_number_managing_unit 800 that received the 
request notifies by means of voice data message to the 



telephone set that requested the communication to input 
the tele-conference identification number. When the 
tele-conference identification number is input by the 
destination telephone set who made the call, then the 

5 lP_network_communication_processing_unit 5000 re- 
ceives the inputted tele-conference identification 
number, and notifies the received tele-conference iden- 
tification number to the tele-conference_ 
identification_number_managing_unit 800. The tele- 

10 conference Jdentification_number_managing_unit 800 
refers to the permission_data_storing_unit 855 and con- 
firms whether or not the notified tele-conference identi- 
fication number matches the tele-conference identifica- 
tion number being set there. If the tele-conference iden- 

15 tification number matches, then fhe tele- 
conferenceJdentification_number_managing_unit 800 
outputs a message of permitting the communication via 
the IP_network_communication_processing_unit 5000. 
The destination individual hears the permission approv- 

20 al message. In addition to that, if the tele-conference 
identification number notified by the destination tele- 
phone set does not match the number set in the 
permission_data_storing_unit 855. then the tele- 
conference Jdentification_number_managing_unit 800 

25 outputs a message of not permitting the participation to 
the tele-conference to the destination telephone set via 
the IP_network_communication_processing_unit 5000. 
Likewise, the destination individual hears the message. 
[01 62] Next, the second method of confirming the par- 

30 ticipation to the tele-conference based on the telephone 
identification number is described. 
[0163] The telephone identification numbers of tele- 
phone sets that can participate in the tele-conference 
are previously set to the permission_data_storing_unit 

35 855 of the telephone equipment adapter connected to 
the tele-conference Chairman's telephone set. The 
IP_network_communication_processing_unit 5000 of 
the telephone equipment adapter connected to the 
Chairman's telephone set receives the communication 

40 request from the IP network 14 and notifies to the 
telephone_setJdentification_number_managing_unit 
900 of the notification request. The telephone^ 
set_identification_number_managing_unit 900 notifies 
a message to input the telephone set identification 

45 number to the requesting telephone set. The individual 
at the destination telephone set hears this message. 
Next, the IP_network_communication_processing_unit 
5000 refers to the permission_data_storing_unit 855 
and confirms whether or not the notified telephone iden- 

50 tification number is being set there. If the telephone 
identification number is being set, then the IP_ 
network_communication_processing_unit 5000 out- 
puts a message of permitting the participation to the 
tele-conference. The individual at the destination tele- 

55 phone set hears this message. If the notified telephone 
identification number is not being set in the 
permission_data_storing_unit 855, then the IP_ 
network_communication _processing_unit 5000 out- 
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puts a message of not permitting the participation to the 
tele-conference. The individual at the destination tele- 
phone set hears this message. In addition to that, there 
are cases in which a single Chairman organizes a plu- 
rality of tele-conferences. In most of such cases, the 
number of telephone sets participating in a tele-confer- 
ence varies. Under such circumstances, a telephone 
identification number is set to the tele-conference iden- 
tification number described above. For instance, in the 
case of organizing three tele-conferences as in Fig. 15, 
the tele-conference identification number is set as 1 000, 
1330 and 1600 for every tele-conferences. For the tele- 
conference identification number 1000, the telephone 
set identification numbers are 500, 501, and 503. For 
the tele-conference identification number 1330, the tel- 
ephone set identification numbers are 500, 600, and 
700. For the tele-conference identification number 
1 600, the telephone set identification numbers are 1 01 , 
102, 105, 501, and 502. 

[0164] It has so far been described that an individual 
who is making a telephone call from a telephone set in- 
puts the telephone identification number. Alternatively, 
the telephone identification number is previously stored 
in the telephone equipment adapter connected to the 
telephone set, and the telephone_set_identi- 
fication_number_managing_unit 900 of the telephone 
equipment adapter connected to the Chairman's tele- 
phone set may notify the telephone equipment adapter 
of the Chairman. 

[01 65] Next, the third method of confirming the partic- 
ipation to the tele-conference by inputting a password 
is described. 

[0166] The password is stored in the 
permission_data_storing_unit 855 of the Chairman's 
telephone equipment adapter. The password has no 
use if it is breached to others. Therefore, it is important 
for the individuals to set his/her own password to protect 
the tele-conference identification number information 
beforehand. The method of setting the password is de- 
scribed in the other embodiment. In the Embodiment 3, 
let's say that the password is already being stored in the 
permission_data_storing_unit 855 of the chairman's tel- 
ephone equipment adapter. The passwords are stored 
for every tele-conference identification numbers just like 
the telephone identification numbers of Fig. 15. The 
IP_network_communication_processing_unit 5000 of 
the chairman's telephone equipment adapter notifies to 
the tele-conference_attendance_password_mana- 
ging_unit 1 000 when received a communication request 
from the IP network 14. The tele-conference_ 
attendance_password_managing_unit 1000 and the 
IP_network_communication_processing_unit 5000 out- 
put a message to input the password to the destination 
telephone set. The individual at the destination tele- 
phone set hears this voice message. The individual of 
the destination telephone set inputs a password. The 
IP_network_communication_processing_unit 5000 re- 
ceives the password and notifies the received password 



to the tele-conference_attendance_password_mana- 
ging_unit 1000. The tele-conference_attendance_ 
password_managing_unit 1000 refers to the permis- 
sion_data_storing_unit 855 and confirms whether the 

5 received password is being set there. The passwords 
are set in the permission_data_storing_unit 855 based 
on the tele-conference identification number. Therefore, 
the tele-conference identification number and the pass- 
word must be input at the same time. The IP_ 

10 network_communication_processing_unit 5000 re- 
ceives the password inputted from the- destination tele- 
phone set along with the tele-conference identification 
number. The tele-conference_attendance_password_ 
managing_unit 1000 notifies to the destination tele- 

15 phone set by sending a message of permitting partici- 
pation to the tele-conference if the notified password 
and tele-conference identification number are set in the 
permission_data_storing_unit 855. If they are not being 
set in the permission_data_storing_unit 855, then a 

20 message of not permitting the participation is sent to the 
destination telephone set. The individual of the destina- 
tion telephone set hears the voice notification message. 
[01 67] The tele-conference identification number, the 
telephone set identification number, and the password 

25 are arbitrary combined to be used as a permission data 
used for confirming the participation to the tele-confer- 
ence. 

[0168] Accordingly, in the Embodiment 3, more than 
two voice data other than your own one received via the 

30 |p network from the other telephone sets connected to 
the telephone equipment adapters of this embodiment 
are mixed, and the voices are output. Hence, tele-con- 
ference by more than three individuals via the IP net- 
work is possible. 

35 [0169] In addition to that, the tele-conference identifi- 
cation number is set to the tele-conference. The tele- 
conference identification number must directly be spec- 
ified and transmitted. Therefore, the tele-conference is 
possible among the specified participants via the IP net- 

40 work. 

[0170] In addition to that, the telephone identification 
number is set to the telephone set connected to the tel- 
ephone equipment adapter. The telephone identification 
number of the telephone set is transmitted to the Chair- 
man's telephone set. The Chairman is organizing the 
tele-conference. The tele-conference is possible via the 
IP network among the specified telephone sets via the 
IP network. 

[0171] In addition to that, the allocated password to 
so each participant is managed for every tele-conference. 
Each participant inputs the password upon participating 
to the tele-conference. The inputted password is re- 
ferred and compared to the registered password, there- 
fore, the verification of the tele-conference participant is 
55 possible. 

[0172] Accordingly, the internet telephone network 
system of Embodiment 3 comprises the voice_data_ 
mixing_unit 700 for mixing more than two voice data oth- 
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er than your own voice, and output the voices. This al- 
lows the tele-conference using telephone sets connect- 
ed to telephone equipment adapters via the IP network 
by more than three individuals. 
[0173] In addition to that, the internet telephone net- 
work system comprises the tele-conference_identifi- 
cation_number_managing_unit 800 and the tele- 
phone_set_identification_number_managing_unit 900. 
The tele-conferenceJdentification_number_mana- 
ging_unit 800 manages the tele-conference identifica- 
tion number of the tele-conference. The 
telephone_seUdentification_number_managing_unit 
900 manages the telephone identification number of the 
participants to the tele-conference. This way, partici- 
pants of the tele-conference are verified. 
[0174] In addition to that, the internet telephone net- 
work system comprises the tele-conference_ 
attendance_password_managing_unit 1000 for man- 
aging and storing the password registered by the par- 
ticipants to the tele-conference. This way, the partici- 
pants of the tele-conference are verified. 

Embodiment 4. 

[0175] In the Embodiment 4, an example related to a 
configuration_data_storing_unit in the telephone equip- 
ment adapter is described. The configuration. 
data_storing_unit stores a data for controlling the tele- 
phone equipment adapter. An information for changing 
the configuration data stored in the configuration. 
data_storing_unit is input via the IP network or the PSTN 
line, and the data of the configuration_data_storing_unit 
is changed. 

[0176] Fig. 1 6 shows a configuration of various parts 
in the telephone equipment adapter of Embodiment 4. 
[0177] Referring to Fig. 16, the reference numeral 
1200denotesan lP_network_data_reading/writing_unit 
for inputting update information to change a configura- 
tion data that controls the telephone equipment adapter 
from the IP network 1 4, and for changing the configura- 
tion data by accessing to the memory unit where the 
configuration data is stored. The reference numeral 
1300 denotes a telephone_inpuLdata_writing_unit for 
inputting the update information for changing the con- 
figuration data to control the telephone equipment 
adapter 12 from the telephone set 10, and changing the 
configuration data by accessing to the memory unit 
where the configuration data is stored. The reference 
numeral 1400 denotes a configuration_data_ 
storing_unit for storing the configuration data to control 
the telephone equipment adapter 12. 
[0178] Next, the operation is described. 
[0179] For instance, let's say that a maintenance op- 
eration of the telephone equipment adapter is taking 
place. An update information is input to change the con- 
figuration data by using push button on the telephone 
set 10. The PSTNJine_signal_transmitting/receiving_ 
unit 1100 receives the update information in a form of 



tone signal. The PSTNJine_signalJransmitting/ 
receiving_unit 1100 hands over the received update in- 
formation to the telephone_input_data_writing_unit 
1300. The telephone_input_data_writing_unit 1300 ac- 

5 cesses the configuration_data_storing_unit 1400 ac- 
cording to the update information handed over by the 
PSTN Jine_signal_transmitting/receiving_unit 1 1 00. 
The configuration data is changed. 
[0180] In addition to that, the update information can 

10 be input by any telephone set other than the telephone 
set 1 0 via the PSTN line 1 3. By doing so, the configura- 
tion data stored in the configuration_data_storing_unit 
1400 of the telephone equipment adapter 12 can be 
changed from a distant location, for example. 

15 [0181] In addition to that, for example, let's say that a 
personal computer is connected to the IP network 14. 
The IP address of the telephone equipment adapter is 
specified from the personal computer connected to the 
IP network 14. The update information for changing the 

20 configuration data is input to the telephone equipment 
adapter 12 via the IP network 14. The IP_network_ 
communication_processing_unit 5000 receives the up- 
date information. The IP_network_communication_ 
processing_unit 5000 hands over update information re- 

25 ceived to the IP_network_data_reading/writing_unit 
1200. The IP_network_data_reading/writing_unit 1200 
changes the configuration data stored in the 
configuration_data_storing_unit 1400 according to the 
update information for changing the control information 

30 handed over by the IP_network_communication_ 
processing_unit 5000. Accordingly, a configuration data 
for the purpose of maintenance operation is input from 
a pre-existing telephone set or a general-purpose per- 
sonal computer connected to the telephone equipment 

35 adapter. The configuration data stored in the 
configuration_data_storing_unit is changed based on 
the inputted update information. Therefore, this can re- 
duce the cost incurred in attaching an extra data input/ 
output device to the telephone equipment adapter for 

40 the maintenance operation use. The users can easily 
carry out the set up of maintenance operation using the 
conventional devices. 

[01 82] In addition to that, the permission data such as 
a tele-conference identification number, a telephone 

45 identification number, and a password stored in the 
permissionjjata_storing_unit 855 (refer to Fig. 12 of 
Embodiment 3) are input from a telephone set connect- 
ed to the telephone equipment adapter, from a personal 
computer connected to the IP network, or from a tele- 

50 phone set in the distant location. If a permission data is 
input from the telephone set, the telephone. 
input_data_writing_unit 1300 accesses and 
permission_data_storing_unrt 855 where the permis- 
sion data is registered. If the permission data is input 

55 from a personal computer via the IP network 14, the 
IP_network_data_reading/writing_unit 1200 accesses 
the permission_data_storing_unit 855 where the per- 
mission data is registered. The fact that the permission 
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data related to the tele-conference is input and regis- 
tered from the personal computer connected to the IP 
network or the telephone set connected to the telephone 
equipment adapter allows the registration changing op- 
eration of the permission data related to the tele-confer- 5 
ence considered to have a frequent registration chang- 
es such as new registration or changing and deleting 
the registered information easy. 
[0183] In the Embodiment 4, the internet telephone 
network system comprises the IP_network_data_read- 10 
ing/writing_unit 1200 for updating and writing data 
stored in the telephone equipment adapter based on the 
received data from the IP network to the telephone 
equipment adapter. The IP_network_data_reading/ 
writing_unit 1 200 is in the telephone equipment adapter. ?5 
This way, the configuration data maintenance operation 
for controlling the telephone equipment adapter is done 
from the computer such as a personal computer con- 
nected to telephone equipment adapter via the IP net- 
work. 20 
[0184] In addition to that, the internet telephone net- 
work system of Embodiment 4 comprises the 
telephone_input_data_writing_unit 1300. The 
telephone_input_data_writing_unit 1300 inputs an in- 
formation for registering and changing the data stored 25 
inside the telephone equipment adapter using the dial 
or push buttons of the telephone set. The inputted infor- 
mation is used to register and change the data stored 
in the telephone equipment adapter. This way, the main- 
tenance operation of the configuration data for control- 30 
ling the telephone equipment adapter is done from the 
telephone set connected to the telephone equipment 
adapter. 

Embodiment 5 35 

[01 85] The drawings that have described the Embod- 
iments 1 , 2, 3 and 4 show configuration diagrams of var- 
ious units indicating configuration elements of the tele- 
phone equipment adapter in the internet telephone net- 4 0 
work system. In the Embodiment 5, a detailed inner con- 
figuration of the IP_network_communication_proces- 
sing_unit 5000 is described. 

[0186] The drawing of Fig. 17 shows a network con- 
figuration that is provided with the firewall on the IP net- 45 
work for the Embodiment 5. 

[0187] Referring to Fig. 1 7, the reference numerals 1 7 
and 27 denote firewalls. Refer to Fig. 1 for the descrip- 
tion of other reference numerals. 

[0188] The drawing of Fig. 18 shows a configuration 50 
of the IP_network_communication_processing_unit 
5000 for the Embodiment 5. The IP_network_ 
communication_processing_unit 5000 of Fig. 18 of the 
present embodiment is applied to the IP_network_ 
communication_processing_unit 5000 described in the 55 
referred drawings in the Embodiments 1 , 2, 3 and 4 as 
it is. 

[0189] Referring to Fig. 18, the reference numeral 



5100 denotes a UDP_communication_processing_unit 
for processing User Datagram Protocol (hereinafter ab- 
breviated to as UDP) used as a communication protocol 
in transmitting and receiving operations of the voice data 
on the IP network 14. The reference numeral 5200 de- 
notes a UDP_port_usage_managing_unit for, transmit- 
ting and receiving the voice data via a specified UPD 
port despite of the firewall. The reference numeral 5300 
denotes a UDP_port_communication_confirming_unit 
for searching the UPD port that can transmit and receive 
data despite of the firewall. The reference numeral 5400 
denotes a RTP_communication__processing_unit for 
processing the Real-time Transport Protocol (hereinaf- 
ter abbreviated to as RTP) used as a communication 
protocol in transmitting and receiving the vcJce data on 
the IP network 14. 

[0190] Following on, the operation is described with 
reference to the flow charts of Figs. 1 9, 20 and 21 . 
[0191] The flow charts of Fig. 19 and Fig. 20 describe 
the same processes as in the flow charts of Fig. 10 and 
Fig. 11 of the Embodiment 2. The Fig. 21 describes the 
processes of Embodiment 5. The IP_network_ 
communication_processing_unit 5000 operates at the 
communication situation that is transmission and recep- 
tion processes of the voice data in the Embodiments 1 , 
2, 3 and 4. The Embodiment 5 shall be described using 
a case example of transmitting a voice data from the 
communication destination telephone equipment adapt- 
er 22 to the telephone equipment adapter 12 via the IP 
network 14. Prior to that, let's describe about a header 
which is used in transmitting and receiving the voice da- 
ta by using the communication protocols UDP and RTP, 
with reference to the drawing of Fig. 22. The configura- 
tion of voice data packets between the telephone equip- 
ment adapter 22 and the telephone equipment adapter 
12 via the IP networks 14 and 24 are illustrated in Fig. 
22. In the Embodiment 5, the IP packet is constructed 
by attaching the following headers: an IP header 51, a 
UDP header 52, and a RTP header 53. 
[0192] The voice data is transmitted from the tele- 
phone equipment adapter 22 via the IP network 14. The 
UDP_communication_processing_unit 5100 of the tel- 
ephone equipment adapter 12 takes out a packet that 
attaches the UDP header 52 except for the IP header 
51 from the IP packet of the voice data. Then, the 
RTP_communication_processing_unit 5400 takes out a 
packet that attaches the RTP header 53 from the packet 
that attaches the UDP header 52. Then, the 
RTP_communication_processing_unit 5400 transmits 
the digital voice data itself that has removed the RTP 
header to the digital_voice_data/analog_voice_data_ 
converting_unit 500. The digital_voice_data/analog_ 
voice_data_converting_unit 500 converts the digital 
voice data to the analog voice data, and transmits the 
analog voice data to the telephone set 10 via the 
PSTN_line_signal_transmitting/receiving_unit 1 1 00. 
This case example has described that the analog voice 
data converted by the digitaLvoice_data/analog_ 
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voice_data_converting_unit 500 is transmitted to the tel- 
ephone set 10 via the PSTNJine_signalJransmitting/ 
receiving unit_1 1 00. An alternative path is also possible. 
That is, the digital_voice_data/analog_voice_data_ 
converting_unit 500 transmits the analog voice data to 
the PSTNJine_signal_transmitting/receiving_unit 1100 
via the IP_network_communication_processing_unit 
5000, and the analog voice data is output to the tele- 
phone set 10. 

[0193] Following on, let's now describe a case exam- 
ple of transmitting the communication information from 
the telephone set 10 to the telephone set 20 via the IP 
network 14. 

[0194] The analog voice data itself inputted from the 
telephone set 10 is input to the lP_network_ 
communication_processing_unit 5000 via the PSTN_ 
line_signaljransmitting/receiving_unit 1100, the desig- 
nation identifying unit 200, and the line_connec- 
tion_switching_unit 100. The IP_network_communi- 
cation_processing_unit 5000 converts the inputted an- 
alog voice data to the digital voice data by the 
analog_voice_data/digital_voice_data_converting_unit 
600. The converted digital voice data is input to the 
RTP_communication_processing_unit 5400 of the 
lP_network_communication_processing_unit 5000. A 
packet that attaches the RTP header 53 is created. Fur- 
ther, the UDP_communication_processing_unit 5100 
creates a packet that attaches the UDP header 52. The 
IP packet that attaches the IP header 51 is transmitted 
to the telephone set 20 connected to the destination tel- 
ephone equipment adapter 22 via the IP network 14. 
[0195] By utilizing UDP, if the voice data packet did 
not reach the telephone equipment adapter 22 connect- 
ed to the destination telephone set 20, the voice data 
packet is not retransmitted. Owing to this fact, the real 
time property of the voice data communication is im- 
proved. In addition to that, by utilizing RTP, the trans- 
mission time and a number of the voice data packets 
are managed, therefore, the real time property of the 
voice data communication is improved. 
[0196] Next, in order to comply with the firewalls 17 
and 27 standing in a path of the IP network, the config- 
uration for confirming whether the UDP port is usable or 
not is described. An information indicating that the com- 
munication destination is in the network environment 
blocked by the firewall is stored in the address transla- 
tion table 302 along with the IP address. Since the in- 
formation is stored in the address translation table 302, 
the network environment of the destination is known 
when making a telephone call. 
[01 97] The procedure of making a telephone call from 
a telephone set connected to the telephone equipment 
adapter, and the procedure of processing the received 
telephone call is same as Embodiment 2 described us- 
ing Figs. 10 and 11. If the telephone call can be made 
to the destination via the IP network, then a confirmation 
process is executed which confirms an availability of 
port for communicating with the destination telephone 



equipment adapter. 

[0198] The communication procedures of the tele- 
phone set 10 via the telephone equipment adapter 12 
are illustrated according to the flow charts of Figs. 19, 

5 20, and 21. Fig. 19 is the same process as a process 
described in Fig. 1 0 of the Embodiment 2. Fig. 20 is the 
same process as a process described in Fig. 11 of the 
Embodiment 2. Fig. 21 shows a flow chart of an addi- 
tional process in Embodiment 5. The steps from S2400 

10 to S2406 in Fig. 21 are the processes that correspond 
to the step S24 of Fig. 10. Referring to Fig. 19, in step 
S23, if the IP address is obtained based on the tele- 
phone number inputted from the telephone set 10 by 
mapping, then the UDP_port_communication_confir- 

15 ming_unit 5300 scans each port of the destination tele- 
phone equipment adapter via the IP network 14, and 
checks whether or not an arbitrary UDP port is accessi- 
ble in step S2400. The UDP_port_communication_ 
confirming_unit 5300 specifies a fixed port number and 

20 transmits data for confirming whether or not that port 
number is communication possible. If a reply data is 
reached within a certain period of time from the tele- 
phone equipment adapter connected to the destination 
telephone set, then we will know that port number is us- 

25 able. If the access is possible at an arbitrary UDP port, 
then a port number of the UDP port is checked by the 
UDP_port_communication_confirming_unit 5300, and 
is set to the transmission destination port number of the 
UDP header 52, and the communication process of the 

30 voice data at that arbitrary UDP port starts in step 

52401. If the port number is not usable, then in step 

52402, confirm the possibility of communication to the 
previously specified UDP port that is managed and con- 
trolled by the UDP_port_usage_managing_unit5200. In 

35 general, the firewalls do not allow the use of arbitrary 
UDP port, however, the firewall can be set so that the 
limited and specified UDP port is usable. For this pur- 
pose, the limited and specified UDP port is previously 
managed and stored in the UDP_port_usage_mana- 

40 ging_unit 5200. If this is possible, then in step S2403, 
the communication processes of the voice data by using 
the specified UDP port starts. If this is not possible, an- 
other communication port is searched in order to find 
another possibility. In the example of this flow chart, the 

45 accessibility of the HTTP port that is normally used is 
being checked (S2404). However, in order to confirm 
whether the HTTP port is accessible or not as in step 
S2404, a HTTP_port_communication_confirming_unit 
is needed, which will be described later in the Embodi- 

50 ment 6. In this example, if determined "NO" in step 
S2402, the accessibility to the HTTP port is confirmed 
as possible. In step S2402, if determined "NO", then the 
process may be branched to the error notification proc- 
ess of S2406. 

55 [0199] As described above, UDP or RTP having an 
excellent real time property is used in the communica- 
tion process, therefore,. the voice quality in the commu- 
nication is improved. In addition to that, the firewall 
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which in general does not allow the use ot arbitrary UDP 
port is set so that the limited and specified UDP port is 
usable, and the UDP port number of that specified UDP 
port is stored in the telephone equipment adapter. This 
way, the voice data communication process beyond the 
firewall is possible. In addition to that, an usable UDP 
port by the firewall which in general does not allow the 
use of arbitrary UDP port is scanned even if the usable 
UDP port is unknown, that UDP port is searched and 
the voice data communication process is possible. 
[0200] In the Embodiment 5, the internet telephone 
network system comprises the UDP_communication_ 
processing_unit 5100. The UDP_communication_ 
processing_unit 51 00 can process UDP as a communi- 
cation protocol used in transmitting and receiving the 
voice data on the IP network, in the case of making a 
telephone call by the telephone equipment adapter via 
the IP network. The voice data is transmitted and re- 
ceived by the UDP. 

[0201] In addition to that, the internet telephone 
equipment adapter of the Embodiment 5 comprises the 
UDP_port_usage_managing_unit 5200. The UDP_ 
port_usage_managing_unit 5200 transmits and re- 
ceives a voice data via the specified UDP port by con- 
trolling and storing the specified UDP port, complying to 
the firewall which plays a role of the security preventing 
the illegal access to the outside IP network from the IP 
network managed and connected to the telephone 
equipment adapter, installed at the IP network bounda- 
ry, in the case of making a telephone call by the tele- 
phone equipment adapter via the IP network. The stored 
UDP port is used for the voice data communication. 
[0202] In addition to that, the telephone equipment 
adapter of the Embodiment 5 comprises the UDP_ 
port_communication_confirming_unit 5300. The UDP_ 
port_communication_confirming_unit 5300 checks for 
the availability of UDP port for transmitting and receiving 
data, complying to the firewall which plays a role of the 
security preventing the illegal access to the outside IP 
network from the IP network managed and connected 
to the telephone equipment adapter, installed at the IP 
network boundary, in the case of making a telephone 
call by the telephone equipment adapter via the IP net- 
work. The UDP port that can transmit and receive the 
voice data is specified, and that UDP port is used for the 
voice data communication. 

[0203] In addition to that, the telephone equipment 
adapter of the Embodiment 5 comprises the RTP_ 
communication_processing_unit 5400. The RTP_ 
communication_processing_unit 5400 can process the 
RTP as a communication protocol used in transmitting 
and receiving voice data on the IP network, in the case 
of making a telephone call by the telephone equipment 
adapter via the IP network. The voice data is transmitted 
and received by the RTP 



Embodiment 6 

[0204] Each part of the telephone equipment adapter 
in the internet telephone network system is described 

5 using the configuration drawings of the Embodiments 1 , 
2, 3, and 4. In the Embodiment 6, the detailed inner con- 
figuration of the lP_network_communication_proces- 
sing_unit 5000 is described with reference to Fig. 23. 
The IP_network_communication_processing_unit 5000 

10 of Fig. 23 can be applied to the drawings of Embodi- 
ments 1 , 2, 3, and 4 as it is. 

[0205] The configuration diagram of the internet tele- 
phone network system of the Embodiment 6 is regarded 
same as the network configuration shown in Fig. 17 of 

15 the Embodiment 5. 

[0206] Referring to Fig. 23, the reference numeral 
5700 denotes a TCP_communication_processing_unit 
for processing the Transmission Control Protocol (here- 
inafter abbreviated to as TCP) as a communication pro- 

20 tocol for transmitting and receiving voice data on the IP 
network. The reference numeral 5800 denotes a 
HTTP_communication__processing_unit for processing 
the Hypertext Transfer Protocol (hereinafter abbreviat- 
ed to as HTTP) as a communication protocol for trans- 

25 mitting and receiving voice data on the IP network. The 
reference numeral 5900 denotes a HTTP_port_commu- 
nication_confirming_unit for checking the availability of 
HTTP port where the data can be transmitted and re- 
ceived. 

30 [0207] The operation is described next. 

[0208] Similar to the Embodiments 1, 2, 3, 4 and 5, 
the IP_network_communication_processing_unit 5000 
of Embodiment 6 operates in regard to the transmitting 
and receiving processes of the voice data taking place 

35 during the communication. When a voice data is trans- 
mitted from the destination telephone equipment adapt- 
er 22 to the telephone set 1 0 connected to the telephone 
equipment adapter 12 via the IP network 14, the 
TCP_communication_processing_unit 5700 receives 

40 the IP packet of the transmitted voice data. The 
TCP_communication_processing_unit 5700 takes out a 
packet that attaches the TCP header and removes the 
IP_header from the IP packet. Next, the HTTP_ 
communication_processing_unit 5800 takes out a pack- 

45 et that attaches the HTTP header from a packet which 
attaches the TCP header, and transmits the digital voice 
data that has removed the HTTP header to the 
digital_voice_data/analog_voice_data_converting_unit 
500. The digital_voice_data/analog__voice_data_ 

50 converting_unit 500 transmits the digital voice data con- 
verted to analog voice data to the PSTN_ 
line_signaUransmitting/receiving_unit 1100. The 
PSTNJine_signalJransmitting/receiving_unit 1100 
transmits the analog voice data to the telephone set 10. 

55 in this example, the analog voice data is transmitted to 
the telephone set 10 via the PSTNJine_signaL trans- 
mitting/receiving_unit 1100. Alternatively, the analog 
voice data can be transmitted from the 
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digitaLvoice_data/analog_voice_data_converting_unit 
500 bypassing the IP_network_communication_ 
processing_unit 5000 via the PSTN_line_signal_trans- 
mitting/receiving_unit 1100 to the telephone set 10. 
[0209] Next, let's describe the case in which the ana- 5 
log voice data input by the telephone set 10 is transmit- 
ted to the destination telephone set 20 via the IP net- 
work. 

[0210] The analog voice data itself inputted from the 
telephone set 10 goes through the PSTN_ 10 
line_signal_transmitting/receiving_unit 1100, the desig- 
nation identifying unit 200, and the line_connec- 
tion_switching_unit 100, and is inputted to the IP_ 
network_communication_processing_unit 5000. The 
IP_network_communication_processing_unit 5000 15 
transmits the analog voice data itself to the 
analog_voice_data/digitaLvoice_data_converting_unit 
600. The analog_voice_data/digitalvoice_data_ 
converting_unit 600 converts the analog voice data to 
digital voice data. The HTTP_communication_ 20 
process ing_u nit 5800 attaches an HTTP header and 
forms a packet. Continuing on, the TCP_commu- 
nication_processing_unit 5700 creates a packet that at- 
taches the TCP header. The IP header is attached. This 
is transmitted to the destination telephone set 20 via the 25 
IP network 14 as the IP packet. 
[0211] In the Embodiment 5, the HTTP_port_ 
communication_confirming_unit 5900 checks whether 
or not the UDP port is usable as shown in step S2404 
of Fig. 21 . If the UDP port is not usable at all, then the 30 
HTTP_port_communication_confirming_unit 5900 
takes a sequential step of checking whether the HTTP 
port is usable or not, and carries out the voice data com- 
munication by HTTP if the HTTP port is usable. 
[0212] As described above, in most of the cases, the 35 
UDP port is not usable due to the typical firewall. How- 
ever, normally, the HTTP port is open, and the voice data 
communication is carried out by using the HTTP mes- 
sage, therefore, the communication is implemented via 
the IP network despite of the firewall. *o 
[021 3] The internet telephone network system of Em- 
bodiment 6 comprises the TCP_communication_ 
processing_unit 5700. The TCP_communication_ 
processing_unit 5700 can process TCP as a communi- 
cation protocol for transmitting and receiving voice data *5 
on the IP network when making a telephone call by the 
telephone equipment adapter via the IP network. This 
way, the voice data is transmitted and received by the 
TCP. 

[0214] In addition to that, the internet telephone net- so 
work system of Embodiment 6 comprises the 
HTTP_communication_processing_unit 5800. The 
HTTP_communication_processing_unit 5800 can proc- 
ess HTTP as a communication protocol for transmitting 
and receiving voice data on the IP network when making 55 
a telephone call by the telephone equipment adapter via 
the IP network. This way, the voice data is transmitted 
and received by the HTTP. 



[0215] In addition to that, the internet telephone net- 
work system of the Embodiment 6 comprises the 
HTTP_ponLcommunication_confirming_unit 5900. The 
HTTP_port_communication_confirming_unit 5900 
checks for the availability of HTTP port in which the data 
can be transmitted and received, complying to the fire- 
wall which plays a role of the security preventing the il- 
legal access to the outside IP network from the IP net- 
work managed and connected to the telephone equip- 
ment adapter, installed at the IP network boundary, in 
the case of making a telephone call by the telephone 
equipment adapter via the IP network. The HTTP port 
in which the voice data is transmitted and received is 
specified. The voice data communication is possible us- 
ing the specified HTTP port. ^ 

Embodiment 7. 

[0216] Various units of the telephone equipment 
adapter of the internet telephone network system is de- 
scribed in the configuration drawings of Embodiments 
1 , 2, 3, 4, 5, and 6. In the Embodiment 7, the detailed 
inner configuration of the IP_network_commu- 
nication_processing_unit 5000 is described with refer- 
ence to Figs. 24 and 25. The IP_network_communica- 
tion_processing_unit 5000 of Figs. 24 and 25 can be ap- 
plied to the drawings of Embodiments 1 ,2,3,4,5, and 6 
as it is. 

[021 7] The configuration diagram of the network sys- 
tem of the Embodiment 7 is regarded same as the net- 
work configuration shown in Fig. 17 of Embodiment 5. 
[021 8] Referring to Figs. 24 and 25, the reference nu- 
meral 5500 denotes a voice_data_packet_encoding_ 
unit for compressing the voice data itself, and for chang- 
ing a header of packet having a standard format such 
as RTP and HTTP to a compressed header restricted 
down to minimum necessary information. The reference 
numeral 5600 denotes a voice_data_packet_decoding_ 
unit for decoding the compressed voice data itself re- 
ceived, and analyzing the compressed header, and ob- 
taining the header of packet having a standard format 
such as RTP and HTTP. The reference numeral 6100 
denotes a receiving buffer unit for converting a digital 
voice data to an analog signal, and for changing the buff- 
er size so that the analog signal is transmitted at a con- 
stant delayed timing, and for temporarily storing the dig- 
ital voice data packet received at a discontinuous timing 
due to change in the network traffic, from a destination 
telephone set 20 connected to the IP network. The ref- 
erence numeral 6200 denotes a transmission buffer unit 
for creating a digital voice data packet for transmission 
in the case of transmitting the digital voice data packet 
to the destination telephone set 20 connected to the IP 
network 14 and 24, and for performing an additional 
process of creating a packet using only a required voice 
data accumulated in the transmitting buffer where the 
buffer size can be modified before transmitting it. The 
reference numeral 6300 denotes a redundant. 



24 



47 



EP 1 235 416 A1 



48 



packet_issuing_unit for transmitting a variable number 
of the same voice data packet copies. When the digital 
voice data packet is being transmitted to the telephone 
set 20 connected to the IP networks 1 4 and 24, the mul- 
tiple copies of the same voice data packet are transmit- 
ted. This is done in order to comply with a loss of the 
voice data packets that reflect on the network traffic con- 
dition. The reference numeral 6400 denotes a packet_ 
generation_filtering_unit for deducing the number of 
voice data packet subjected to transmission for deduc- 
ing the network traffic in the case of transmitting the dig- 
ital voice data packet to the telephone set connected to 
the IP network 14 and 24. The reference numeral 6500 
denotes a network_traffic_monitoring_unit for monitor- 
ing the reception timing of the voice data packet from 
the IP network 1 4. The reference numeral 6600 denotes 
a networkJraffic_statistical_data_managing_unit for 
accumulating the statistical data of the network traffic 
condition, and calculates a parameter showing the av- 
erage traffic condition at a day or a weekly cycle. 
[0219] The operation is described next. 
[0220] In the similar manner as the IP_network_ 
communication_processing_unit 5000 of Embodiments 
1, 2, 3, 4, 5, and 6, the IP_network_communication_ 
processing_unit 5000 of Embodiment 7 operates during 
the communication situation of transmitting and receiv- 
ing processes of the voice data. The basic operation of 
the lP_network_communication_processing_unit 5000 
of Embodiment 7 is executed in the similar manner as 
the IP_network_communication_processing_unit 5000 
of Embodiments 5 and 6. In the Embodiment 7, the voice 
data is transmitted to and extracted from the 
RTP_communication_processing_unit 5400 and the 
HTTP_communication_processing_unit 5800. The 
voice_data_packet_encoding_unit 5500 compresses 
the voice data, the HTTP header and the RTP header. 
The voice_data_packet_decoding_unit 5600 decodes 
the voice data, the HTTP header and the RTP header. 
Instead of the standardized header format, the RTP 
header and HTTP header compression remake a com- 
pact header by bringing together only the minimum nec- 
essary informations. 

[0221 ] In addition to that, since there are various data 
traffics existing on the IP network, the voice data pack- 
ets may not arrive continuously at a constant time inter- 
val. Such variation in the arrival time of each packet is 
referred to as a transmission time fluctuation. Accumu- 
lating the voice data packets in the receiving buffer upon 
receiving the packets absorbs the transmission time 
fluctuation. The packets are then output to the 
PSTNJine_signal_transmitting/receiving_unit 1 1 00 
that is an analog side at a constant time interval from 
the receiving buffer. By doing so, provided that it is within 
the capacity of the receiving-buffer, the output timing of 
the voice data to the output side is going to be constant 
even if a delay occurs in a packet such that the regen- 
erated voice is not broken. This process is performed at 
the receiving buffer unit 6100. The receiving buffer unit 



6100 includes a receiving buffer 6101 that executes the 
above-mentioned process. There is going to be a delay 
in regenerating the voice while the voice data packets 
are accumulating in the receiving butter 6101. There- 

5 fore, the size capacity of the receiving buffer cannot al- 
ways be increased since this also increases the delay. 
To give an extreme example, if there are fluctuation in 
the arrival times of the voice data packets transferred 
via the IP network, a conversation such as "good-morn- 

10 ing" may be heard as B goo...do...mo..or...nin...g B . 
Whereas the is the time gap being inserted between 
the conversation. The time gap is referred to as broken 
voice. The receiving buffer is prepared in order to com- 
pensate for the time gap. The regeneration time as a 

is whole is delayed. The broken voice is removed this way. 
These are the receiving buffer processes. The larger the 
size of the receiving buffer, the smaller the broken voice. 
The voice quality improves but the delay as a whole in- 
creases, therefore, the communication timing is delayed 

20 such that it is difficult to hear. In other words, if the re- 
ceiving buffer size is increased, the fluctuation is ab- 
sorbed that the voice quality improves. On the other 
hand, the delay is increased to cause difficulty in hearing 
them. If the receiving buffer size is decreased, the voice 

25 quality deteriorates but the talk timing improves. The re- 
ceiving buffer size is decided by the trade-off of both 
characteristics. An optimum value must be set by con- 
sidering them. However, in reality, the optimal value 
changes depending on the network traffic condition. At 

30 the receiving buffer unit 6100, the size capacity of the 
receiving buffer 6101 is changed according to the arbi- 
trary condition. In addition to that, to comply with a fre- 
quent occurrence of buffer overflow, the size capacity of 
buffer is set larger, and only one part of the data is trans- 

35 mitted to the digital_voice_data/analog_voice_data_ 
converting_unit 500 that is the regenerating side. In 
such cases, not only the size capacity of the receiving 
buffer but also the data size for transmitting to the 
digital_voicejdata/analog_voice_data_converting_unit 

40 500 which is the regenerating side must be controlled 
and change depending on the various conditions. 
[0222] In addition to that, likewise, in order to comply 
with the various data traffic conditions on the IP network, 
the voice data packet size of the receiving side for trans- 

45 mining to the IP network 14 is changed. For this pur- 
pose, the transmission buffer unit 6200 includes a trans- 
mission buffer 6201. The transmission buffer unit 6200 
accumulates a certain amount of voice data at the trans- 
mission buffer 6201 before they are transmitted. The 

50 smaller the voice data packet size for transmission the 
less frequent the delay. The communication quality im- 
proves. However, each packet always carries a header 
having a certain size. There is going to be a limit in mak- 
ing the packet size small. In addition to that, by making 

55 the packet size small, the number of packets increases. 
Therefore, the amount of network traffic is enlarged. Ac- 
cordingly, the size of receiving buffer is controlled to 
change depending on the network traffic condition. 
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[0223] In addition to that, likewise, in order to comply 
with various data traffic conditions on the IP network, in 
preparation to the frequent occurrence of transmission 
data packet loss in UDP communication process, there 
is a measure to transmit a multiple copies of the voice 
data packet having an identical content as a back-up. 
This process is executed by the redundant 
_packet_issuing_unit 6300. The redundant packets are 
not always issued. There is a need to adjust the amount 
of redundant packets being issued in order to delete the 
unnecessary packets since all the packets are delayed 
when the network traffic increases. The redundant pack- 
et issuance is controlled in the case of frequent occur- 
rence of packet loss and when the network traffic is not 
increased so that the packet loss is deduced and the 
communication quality increases. 
[0224] In addition to that, likewise, in order to comply 
with various data traffic conditions on the IP network, if 
the network traffic increases, those voice data packet 
that does not affect the communication quality is not 
transmitted in order to deduce the amount of transmis- 
sion data. The packet _generationJiltering_unit 6400 
executes such control process. As a filtering condition, 
there is a set up of eliminating a voice data below a cer- 
tain volume level. As for the human perception, it is al- 
ready being recognized that there is no influence on the 
communication even if a volume below certain level is 
not regenerated. Accordingly, when the network traffic 
is increased, the amount of voice data for elimination is 
controlling the elimination of the level of voice data vol- 
ume upon transmission. This way, the communication 
continues without having to lose the communication 
quality. 

[0225] In addition to that, likewise, in order to comply 
with various data traffic conditions on the IP network, we 
have discussed the importance in carrying out various 
communication controls at various units in regard to the 
communication process. Herewith, in order to grasp the 
network traffic condition, the networkjraffic.monito- 
ring_unit 6500 records the timing of receiving the voice 
data packet intermittently. Due to this, the network traffic 
amount is inferred, and the condition for the communi- 
cation control above is appropriately changed. For ex- 
ample, for the case of receiving buffer unit 6100, if the 
network_traffic_monitoring_unit 6500 recognizes that 
the network traffic is increased, it notifies the receiving 
buffer unit 61 00 to increase the size capacity of the re- 
ceiving buffer 61 01 . If the receiving buffer size capacity 
is increased, the packets are handed over to the 
digital_voice_data/analog_voice_data_converting_unit 
500 after a certain amount of the packets are accumu- 
lated in the receiving buffer 61 01 . The network traffic is 
resolved this way. On contrary, if the network traffic is 
less, since the packet arrives to the telephone equip- 
ment adapter at a stable timing therefore, the 
network_traffic_monitoring_unit 6500 notifies to the re- 
ceiving buffer unit 61 00 to decrease the size capacity of 
the receiving buffer 6101. 



[0226] In addition to that, likewise, in order to comply 
with various data traffic conditions on the IP network, a 
statistical data are used to change various parameters. 
These parameters control the communication above. 
5 The monitored and accumulated data at the 
network_traffic_monitoring_unit 6500 is received by the 
network_traffic_statisticaLdata_managing_unit 6600. 
The network.traffic.statistical.data.managing.unit 
6600 supplies information to control communication that 
10 is needed by the receiving buffer unit 6100, the trans- 
mission buffer unit 6200, the redundant.packet. 
issuing_unit 6300, and the packet.generation .filtering, 
unit 6400. The networkjraffic.statistica Ldata.mana- 
ging_unit 6600 presents a trend of average network traf- 
15 fjc at one-day cycle or a weekly cycle. The information 
is referred and used to carry out communication control 
by various units. 

[0227] In the configuration drawing shown in Fig. 24, 
the communication processing unit includes the 
RTP_communication_processing_unit 5400 and the 
UDP_communication_processing_unit 5100. In the 
configuration drawing shown in Fig. 25, the communi- 
cation processing unit includes the TCP. 
communication_processing_unit 5700 and the 
HTTP_communication_processing_unit 5800. The fol- 
lowing units are shared in the configuration drawings of 
Figs. 24 and 25: the receiving buffer unit 61 00; the trans- 
mission buffer unit 6200; the packet .generation, 
filtering.unit 6400; the network_traffic.monitoring.unit 
6500; and the network_traffic_statistical_data_ 
managing.unit 6600. The redundant_packet_issuing_ 
unit 6300 is only included in the configuration drawing 
of Fig. 24. This is because the redundant.packet. 
issuing_unit 6300 relates to the UDP.communication. 
processing.unit 5100. Since it carries a characteristic 
of transmitting the data to the destination without estab- 
lishing the UDP session, the UDP itself does not have 
a function to deal with packet loss even if the packet loss 
is frequent. This being the case, the redundant. 
packetjssuing_unit 6300 is provided for supporting the 
UDP. On the other hand, TCP carries a characteristic of 
re-try many times until the data is definitely communi- 
cated since it starts communication after the session is 
established. This being the case, TCP does no need to 
support re-try function. This is the reason why the tele- 
phone equipment adapter of Fig. 25 does not include 
the redundant_packeUssuing_unit 6300. 
[0228] Accordingly, the headers of communication 
voice data packet is individually compressed. Such that 
the packet size can be made smaller than its standard 
size. The network traffic is deduced. What is meant by 
the individual compression is, for example, the packet 
size is made small by using the header information com- 
pression program. It indicates compressing only those 
data needed by the telephone equipment adapter that 
is the element of the present invention. 
[0229] In addition to that, even if there are fluctuation 
in the transmission time of each voice data packet sub- 
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ject to communication, the voice data packets are accu- 
mulated until they attain a certain size upon reception, 
and transmitted to the analog regeneration side, there- 
lore, even if the network traffic condition is unstable, a 
stable communication quality is maintained. 
[0230] In addition to that, upon transmitting each 
voice data packet subjected to communication, the 
packet size is made small if the amount of network traffic 
is less, and the packet size is made large if the network 
traffic is more. Even if the network traffic condition is un- 
stable, a stable communication quality is maintained 
without influencing the network traffic. 
[0231] In addition to that, the redundant packet is is- 
sued upon a frequent occurrence of the packet loss up- 
on transmitting each voice data packet subjected to 
communication, therefore, a stable communication 
quality is maintained even in the condition when the 
packet loss is frequent due to the network traffic. 
[0232] In addition to that, if the amount of network traf- 
fic is increased upon transmitting each voice data pack- 
et subjected to communication, those voice data packet 
that do not affect the communication quality such as 
those below a certain volume level are not transmitted, 
therefore, a stable communication quality is maintained 
despite of increased amount of network traffic. 
[0233] In addition to that, various parameters in the 
communication processes described above are adjust- 
ed according to the estimated network traffic condition 
and the measured receiving timing of each voice data 
packet subjected to communication, therefore, the opti- 
mal communication process is possible responding the 
updated condition of the network traffic. A stable com- 
munication quality is maintained. 
[0234] In addition to that, the results of measured tim- 
ing of receiving each voice data packet subjected to 
communication are accumulated, and it is referred to as 
a data for showing the network traffic condition at a day 
cycle or a weekly cycle, therefore, the optimal commu- 
nication process is controlled responding to the average 
network traffic condition. A stable communication qual- 
ity is maintained. 

[0235] In the Embodiment 7, the internet telephone 
network system comprises the voice_data_packet_ 
encoding_unit 5500 and the voice_data_packet_ 
decoding_unit 5600. The voice_data_packet_enco- 
ding_unit 5500 compresses the voice data itself, and 
transmits the voice data by changing a packet having a 
standard format such as RTP and HTTP to a com- 
pressed header restricted to the least necessary infor- 
mation upon the destination telephone equipment 
adapter is recognized as of the same type as the other 
telephone set connected to the telephone equipment 
adapter. The voice_data_packeLdecoding_unit 5600 
obtains a packet header having a standard format such 
as RTP or HTTP, and analyzes the compressed header 
by decoding the compressed voice data received. By 
deducing the amount of data, the communication data 
is efficiently transmitted and received. 



[0236] In addition to that, the internet telephone net- 
work system of Embodiment 7 comprises the receiving 
buffer unit 6100 for temporarily storing the digital voice 
data packets received at discontinuous timing due to the 

5 change in the network traffic from the destination tele- 
phone set via the IP network to the receiving buffer in 
which the buffer size is changeable so that the digital 
voice data packets converted to analog signals are 
transmitted from the telephone equipment adapter to 

io the telephone set at a constant delay. This way, the an- 
alog voice signals are transmitted to the telephone set 
at a stable timing. 

[0237] In addition to that, the internet telephone net- 
work system of Embodiment 7 comprises the transmis- 

15 sion buffer unit 6200 for creating the digital voice data 
packet subjected to transmission, in the case of trans- 
mitting the digital voice data packet to the destination 
telephone set via the IP network, for accumulating them 
in the transmitting buffer in which its buffer size is 

20 changeable, and for reassembling only the necessary 
data before transmitting it. The optimal digital voice data 
packet transmission is implemented in accordance to 
the network traffic condition, and the voice data with an 
excellent quality is possible. 

25 [0238] In addition to that, the internet telephone net- 
work system of Embodiment 7 comprises the redundant 
_packet_issuing_unit 6300 for transmitting a multiple 
copies of the same voice data packet to comply with the 
voice data packet loss occurring due to the network traf- 

30 fic condition, in the case of transmitting the digital voice 
data packet to the destination telephone set via the IP 
network. This way, the excellent quality voice data is 
transmitted despite of the unfavorable network traffic 
condition causing the packet loss. 

35 [0239] In addition to that, the internet telephone net- 
work system of Embodiment 7 comprises the 
packet_generation_filtering_unit 6400 for deducing the 
number of voice data packets subjected to transmission 
in order to deduce the network traffic as much as pos- 

^o sible, in the case of transmitting the digital voice data 
packet to the destination telephone set via the IP net- 
work. This way, an increase in the network traffic due to 
the increased number of voice data is suppressed and 
the excellent quality voice data is transmitted. 

45 [0240] In addition to that, the internet telephone net- 
work system of Embodiment 7 comprises the 
network_traffic_monitoring_unit 6500 for monitoring the 
timing of receiving the voice data packets via the IP net- 
work. The network_traffic_monitoring_unit 6500 analyz- 

50 es the network traffic condition, and instructs the oper- 
ation condition of various units including the receiving 
buffer unit 6100, the transmission buffer unit 6200, the 
redundant_packet_issuing_unit 6300, and the 
packet_generationJiltering_unit 6400, after having de- 

55 tected a certain condition on the network. The optimal 
transmission/reception processes are implemented re- 
sponding to the network traffic condition. The excellent 
quality voice data is transmitted. 
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[0241] In addition to that, the internet telephone net- 
work system of Embodiment 7 utilizes the networks 
traffic_statistical_data_managing_unit 6600 to calcu- 
late parameters indicating the average traffic condition 
at a day or weekly cycle, by accumulating the statistical 
data of network traffic condition received from the 
network_traffic_monitoring_unit 6500 which monitors 
the timing of receiving the voice data packets via the IP 
network. The network_traffic_statistical_data_mana- 
ging_unit 6600 is used to instruct the change in the op- 
eration conditions of the following units: the receiving 
buffer unit 6100; the transmission buffer unit 6200; the 
redundant_packet_issuing_unit 6300; and the 
packet_generation_filtering_unit 6400. This way, the 
optimal transmission/reception processes are imple- 
mented in response to the average network traffic con- 
dition. The excellent quality in voice data is transmitted. 

Embodiment 8 

[0242] In the internet telephone network system of 
Embodiment 8 equipped with a HTTP relay server for 
transmitting communication information to the destina- 
tion telephone set without having to be aware of the fire- 
wall, even if the destination network environment is pro- 
tected by the firewall. 

[0243] The drawing of Fig. 26 shows a network con- 
figuration of the Embodiment 8. 
[0244] Referring to Fig. 26, the reference numeral 1 8 
denotes a HTTP relay server. Refer to Fig. 17 for the 
description of other reference numerals. 
[0245] The drawing of Fig. 27 shows a configuration 
of various units of the internet telephone network system 
of Embodiment 8 comprising the HTTP relay server. 
[0246] Referring to Fig. 27, the reference numeral 
5700 denotes a TCP_communication_processing_unit 
for transmitting and receiving data via the IP network 1 9 
by using TCP. The reference numeral 5800 denotes a 
HTTP_communication_processing_unit for receiving 
data packet from the TCP_communication_ 
processing_unit 5700, analyzes it as the HTTP mes- 
sage, and assembles the HTTP message for transmit- 
ting to the TCP_communication _processing_unit 5700. 
The reference numeral 5600 denotes a 
voice_data_packet_decoding_unit for analyzing the 
voice data packet obtained from the HTTP_ 
communication_processing_unit 5800, and for extract- 
ing the coded voice data. The reference numeral 5500 
denotes a voice_data_packet_encoding_unit for as- 
sembling the coded voice data subjected for transmis- 
sion into a packet, and transmitting it to the 
HTTP_communication_processing_unit 5800. The ref- 
erence numeral 8100 denotes a voice_data_ 
buffering_unit for temporarily storing the voice data ob- 
tained from the voice_data_packeLdecoding_unit 
5600, and for transmitting it to the voice_data_ 
packet_encoding_unit 5500 upon extracting the voice 
data at HTTP access. What is meant by the HTTP ac- 



cess is that by supposing that the HTTP relay server is 
the Web server, the telephone equipment adapter is as- 
sumed to have the Web browser in it, so that each tel- 
ephone equipment adapter can transmit voice data to 

5 the HTTP relay server by using POST message at the 
HTTP. In addition to that, each telephone equipment 
adapter can get a location of wher abouts the' accumu- 
lated voice data that are outputted from the telephone 
set connected to each telephone equipment adapter by 

10 using the G ET message. The voice data is temporarily 
held in the HTTP relay server. The telephone equipment 
adapter connected to another telephone set requiring 
that voice data go and gets them, and the communica- 
tion process is implemented. 

75 [0247] The reference numeral 8200 ftenotes a 
telephone_set_callingJnformation_managing_unit for 
confirming if the information regarding the telephone call 
is being made to each telephone set from the telephone 
equipment adapter and for responding if there is an in- 

20 quiry from each telephone equipment adapter. 

The reference numeral 8300 denotes an HTTP_ 
connection_changing_unit. In case that we connect two 
telephone equipment adapters (for example, the tele- 
phone equipment adapter 12 connected to the tele- 

25 phone set 1 0, and the telephone equipment adapter 22 
connected to the telephone set 20 about a communica- 
tion between the telephone set 1 0 and the telephone set 
20) to the HTTP relay server 18, the HTTP_ 
connection_changing_unit 8300 changes the HTTP re- 

30 lay server 1 8 to a Web server, each of the two telephone 
equipment adapters to a Web browser. 
The reference numeral 8400 denotes a TCP/ 
IP_packet_header_alteration_unit. The telephone 
equipment adapter connected to the calling side tele- 

35 phone set transmits a voice data packet to the HTTP 
relay server 18. The TCP/I P_packet_header_ 
alteration_unit 8400 converts the TCP header port 
number and the IP address of the IP header inside the 
voice data to a port number and an IP address of the 

40 telephone equipment adapter of the final destination. 
[0248] The drawing of Fig. 28 shows an inner config- 
uration of the IP_network_communication_proces- 
sing_unit 5000 of Embodiment 8. The IP_network_ 
communication_processing_unit 5000 in Fig. 28 can be 

45 applied to the equivalent parts of the Embodiments 1 , 
2, 3, 4, 5, 6, and 7 as it is. 

[0249] Referring to Fig. 28, the reference numeral 
7300 denotes an HTTP telephone call for transmitting 
telephone call information to the HTTP relay server 1 8 

so by using HTTP access. The reference numeral 71 00 de- 
notes an HTTP polling unit for checking the communi- 
cation situation of the destination telephone equipment 
adapter stored in the telephone_set_calling_ 
information_managing_unit 8200 by using inquiry infor- 

55 mation by means of HTTP access polling. The reference 
numeral 7200 denotes a telephone_call_ 
communication_unit for reporting that the destination 
telephone equipment adapter is receiving a telephone 
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call when the telephone_n umber/I P_address_trans- 
lation_unit 300 detects that the destination telephone 
equipment adapter is protected by firewall. 
[0250] The drawings of Figs. 29 and 30 show the first 
and the second examples of various units of the 5 
HTTP_relay_server_managing_server of the internet 
telephone network system of the Embodiment 8. 
[0251 ] Referring to Figs. 29 and 30, the reference nu- 
meral 9200 denotes a HTTP_relay_server_ 
assigning_unit for monitoring the load situation of the w 
plurality of HTTP relay servers. The reference numeral 
9100 denotes a HTTP_relay_server_load_ 
monitoring_unit for specifying the HTTP relay server 
used in the communication process based on the inquiry 
from the telephone equipment adapter. is 
[0252] In the first example of Fig. 29, a plurality of the 
HTTP relay servers 18 shown in Fig. 27 are prepared, 
and the HTTP_relay_server_managing_serverfor man- 
aging them is described. In the second example of Fig. 
30, the HTTP relay server 18 extracts the processing 20 
units required in negotiating connection with the tele- 
phone equipment adapter. The processing units extract- 
ed is built into the HTTP_relay_server_managing_ser- 
ver 180. The HTTP_relay_server_managing_server 
1 80 carries out the connection negotiation. In this case, 25 
after negotiating connection, the voice data transmis- 
sion and reception processes are performed only in the 
TCP/IP_packeLheader_alteration_unit 8400. There- 
fore, the HTTP relay server only builds in the TCP/ 
IP_packet_header_alteration_unit 8400. 30 
[0253] The operation is described next. 
[0254] To begin with, the network configuration com- 
prising the telephone equipment adapter and the HTTP 
relay server is shown in Fig. 31 . The drawing of Fig. 31 
(A) shows a method of executing the HTTP relay server 35 
by assuming it as a provider. There are two methods of 
checking if a telephone call is being made to the tele- 
phone set connected to the telephone equipment adapt- 
er. The method one is checking information stored in the 
telephone_set_calling_information_managing_unit *o 
8200 by a periodic polling. The telephone_set_ 
calling_information_managing_unit 8200 is a manage- 
ment area of the HTTP relay server 1 8. Alternatively, the 
method two includes checking from outside by mailing, 
by instant message, and by PSTN_call. *5 
[0255] In the drawing of Fig. 31 (B), the telephone 
equipment adapters 12 and 22 are in the network envi- 
ronments protected by the firewalls 1 7 and 27. The-net- 
work-environment provided with external WWW server 
or proxy is protected by the same firewall. In such envi- 50 
ronment, the HTTP relay server program is executed in 
the external WWW server. 

[0256] In the drawing of Fig. 31 (C), a telephone ter- 
minal that can communicate with a dedicated terminal 
(i.e., terminal executing the HTTP relay server program) 55 
is placed in the network environment protected by the 
firewall. The method of communication between the 
dedicated terminal and the telephone terminal is con- 



sidered. 

[0257] The present embodiment indicates three con- 
figuration (A), (B), and (C). The configuration (A) is de- 
scribed based on the flow charts of Figs. 32 and 33. The 
configuration (A) is the polling method of executing the 
HTTP relay server at the provider. 
[0258] The procedure of making a telephone call from 
one telephone equipment adapter to the other tele- 
phone equipment adapter starts as follows. First of all, 
the user picks upthe receiver of the telephone set calling 
side and inputs a telephone number. The telephone^ 
number/IP_address_Jranslation_unit 300 translates the 
inputted telephone number to the IP address. Refer to 
Embodiment 1 for the method of translating to the IP 
address. 

[0259] (The Polling Method) In step S22 of Fig. 33, 
the telephone number is translated to IP address. If 
translated properly to IP address in step S23, then in 
step S62, the HTTP telephone call 7300 sets a flag in- 
formation related to IP address trying to make a tele- 
phone call. The flag is set in the management area of 
each IP address of the telephone_set_ 
calling Jnformation_managing_unit 8200 inside the HT- 
TP relay server 18. The management area of each IP 
address of the telephone_set_callingJnformation_ 
managing_unit 8200 is periodically referred by the HT- 
TP polling unit 7100 of the communication destination 
telephone equipment adapter. Such that the telephone 
equipment adapter connected to the destination tele- 
phone set will know that the telephone call is being re- 
ceived. 

[0260] (Mail and Instant Messages) The telephone 
number translated to IP address is confirmed in step 
S23 of Fig. 33. Next, the telephone_call_communi- 
cation_unit 7200 transmits a mail or instant message to 
the communication destination telephone equipment 
adapter, and notifies to the destination telephone set 
that the telephone call is received. The process of the 
mail or the instant message is not particularly illustrated 
in the flow charts of Figs. 32 and 33. 
[0261] (Notified by telephone call via PSTN) The tel- 
ephone number is translated to IP address properly in 
step S23 of Fig. 33. Next, the PSTN_line_signal_trans- 
mitting/receiving_unit 1100 makes a telephone call to 
the destination telephone set from the PSTN side. The 
telephone equipment adapter connected to the destina- 
tion telephone set will know instantly that the telephone 
call is being received. 

[0262] Then, the destination telephone equipment 
adapter transmits a call tone to a telephone set connect- 
ed for commencing the communication (Step S66). If the 
receiver of the destination telephone set of the call re- 
ceiving side is picked up in steps S63 and S67, then the 
communication mode is entered in step S64, and their 
respective telephone equipment adapters go and get 
the destination communication data. Depending on the 
requirement, the communication data spoken by them 
are transmitted to the HTTP relay server in steps S65 
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and S68. This continues on until disconnected. The unit 
where the communication data transmitted from the tel- 
ephone equipment adapter is temporarily stored until 
the other telephone equipment adapter gets them is the 
voice data buffer. The voice_data_buffering_unit 8100 5 
executes the transmission and reception process of the 
voice data of this communication. The steps S66, S67, 
and S68 of Fig. 32 are the procedure of receiving a tel- 
ephone call, entering the communication mode, com- 
munication taking place, and continuing communica- w 
tion. The steps S62, S63, S64, and S65 are the proce- 
dure of making a telephone call to the destination tele- 
phone set, picking up the receiver of the destination tel- 
ephone set is to enter the communication mode, and the 
communication goes on until disconnected. Two tele- is 
phone sets communicating via the HTTP relay server is 
same for both cases of receiving a call and making a 
call. The communication data transmission and recep- 
tion processes via the HTTP relay server by two tele- 
phone sets in the communication mode described 20 
above is equivalent to the process from step S66 to S68 
of Fig. 32 and step S62 to S65 of Fig. 33. 
[0263] Next, a flow chart of Fig. 34 describes the poll- 
ing method by using the HTTP relay server. 
[0264] The HTTP relay server 1 8 only accepts HTTP 25 
access among from the outside access via the IP net- 
work. In step S70 of Fig. 34, the HTTP_ 
communication_processing_unit 5800 confirms that the 
data is received by using HTTP access. The HTTP ac- 
cess exists just in the polling method for confirming if a 30 
telephone call is being made to itself from each tele- 
phone equipment adapter. Other than that, the following 
accesses exist: the access for making a new telephone 
call to other telephone set; the access for obtaining the 
voice data for itself; and the HTTP access for liaison dis- 35 
connection communication. In step S71, when the HT- 
TP access decides to make a new telephone call to oth- 
er telephone set, then the telephone_set_calling_infor- 
mation_managing_unit 8200 accesses the communica- 
tion destination management area, and checks if the tel- *o 
ephone is in the communication in progress in step S75. 
If the telephone is in the communication in progress 
mode, then HTTP message indicating communication 
in progress is replied in step S76 and S77, if not, the 
HTTP message indicating that the telephone started to 4 $ 
ring is replied in step S78. If the communication mode 
is entered, the voice data delivered from the telephone 
equipment adapter are temporarily accumulated in step 
S79. The voice_data_buffering_unit 8100 manages so 
that the other telephone equipment adapter collects 50 
them. If there are communication data in the destination 
voice data buffering area, then in step S80, the 
voice_data_buffering_unit 8100 and the HTTP_ 
communication_processing_unit 5800 transmits that 
communication data as the HTTP reply message to the 55 
telephone equipment adapter connected to the commu- 
nication destination telephone set. In addition to the 
process of step S71, if HTTP access for confirming 



whether or not the telephone call is being made to its 
telephone equipment adapter, the telephone_set_ 
callingJnformation_managing_unit 8200 checks the 
management information if the telephone set is ringing 
connected to the telephone equipment adapter of the 
confirmation requesting origin in step S72. As a result 
of checking, if the telephone call is being made in step 
S73, then in step S74, the HTTP_communica- 
tion_processing_unit 5800 transmits the information to 
the telephone equipment adapter connected to the tel- 
ephone set of the confirmation requesting origin. In ad- 
dition to the process of step S71, if decided as HTTP 
access for disconnecting the communication, then in 
step S81, the telephone_set_calling_information_ 
managing_unit 8200 changes the information to indi- 
cate that both management information of communica- 
tion origin and destination are in the waiting mode. 
[0265] As described above, a typical firewall can ac- 
cess to the outside Internet by using HTTP, and the tel- 
ephone equipment adapter can carry out the communi- 
cation process and telephone call via the HTTP relay 
server, therefore, the telephone call is made via the IP 
network without having to modify the set up of the typical 
firewall. 

[0266] The HTTP relay server carries out communi- 
cation data transmission and reception after negotiating 
process of connecting to the first telephone equipment 
adapter. This process load is going to be a heavy one. 
Henceforth, the communication data transmission and 
reception are carried out directly between the telephone 
equipment adapters without bypassing the HTTP relay 
server. The load put on the HTTP relay server is reduced 
this way. Even if many users make telephone calls so 
that the process concentrates, the process continues 
and the communication quality is maintained. Due to 
this, the HTTP_connection_changing_unit 8300 negoti- 
ates the first connection and changes the connection 
from the HTTP and TCP connection to the connection 
between both adapters. 

[0267] As described above, the communication data 
transmission and reception is carried out directly be- 
tween the telephone equipment adapters without by- 
passing the HTTP relay server. This reduces the load 
put on the HTTP relay server. Even if the communication 
process concentrates due to many users making tele- 
phone calls, the process continues, and the communi- 
cation quality is maintained. 

[0268] In addition to the HTTP relay server described 
above, it also carries out communication data transmis- 
sion and reception after negotiation process of connect- 
ing to the first telephone equipment adapter. This proc- 
ess load is going to be a heavy one. In order to reduce 
the load put on the HTTP relay server, the process per- 
formed by the HTTP relay server is limited down as 
much as possible by executing the simple processes on- 
ly. This is executed by the TCP/I P_packet_ 
header_alteration_unit 8400 for directly converting the 
port number of TCP header and IP address of IP header 
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inside the transmitted voice data packet from both tele- 
phone equipment adapters to the HTTP relay server to 
the port number and IP address of the final transmission 
destination telephone equipment adapter, at a point 
when the communication process preparation is ready 5 
by connecting both telephone equipment adapters com- 
municating by the HTTP relay server. 
[0269] As described above, as the process on the HT- 
TP relay server, the communication data transmission 
and reception are carried out by converting the port 
number of TCP header and IP address of IP header in- 
side the transmitted voice data packet from both tele- 
phone equipment adapters to the HTTP relay server to 
the port number and IP address of the final transmission 
destination telephone equipment adapter. This can re- 
duce the load put on the HTTP relay server. Even if the 
communication process concentrates due to many us- 
ers making telephone calls, the process continues, and 
the communication quality is maintained. 
[0270] On the other hand, in order to carry out an ef- 
ficient communication process at the HTTP relay server, 
if a number of telephone equipment adapters requesting 
the communication process increased accompanied by 
the increased number of the users, since there is a per- 
formance limit in one HTTP relay server, it will fail at 
some point. Therefore, a plurality of HTTP relay servers 
is prepared. A favorable communication is maintained 
to various by dispersing the communication process of 
various telephone equipment adapters. 
[0271] A HTTP_relay_server_managing_server for 
integrating and managing the plurality of HTTP relay 
servers is required. The relationship between the 
HTTP_relay_server_managing_server and the HTTP 
relay server is illustrated in the drawings of Figs. 29 and 
30. A first telephone equipment adapter inquires the 
HTTP_relay_server_managing_server 180. The 
HTTP_relay_server_load_monitoring_unit 9100 for 
monitoring the load situation on the plurality of HTTP 
relay servers finds the HTTP relay server having a small 
number of users. The HTTP_re1ay_server_ 
assigning_unit 9200 specifies the candidate HTTP relay 
server to be used for the communication process. 
[0272] Accordingly, if the number of telephone sets 
connected to the telephone equipment adapter increas- 
es dramatically, the HTTP_relay_server_load_monito- 
ring_unit 91 00 prepares the plurality of HTTP relay serv- 
ers, and monitors an appropriate number of HTTP relay 
server's load situation, and allocates the usable HTTP 
relay server. The communication process is dispersed, 
and the process load of the HTTP relay server is con- 
fined within it capacity, Therefore, even if many users 
make telephone calls so that communication process 
concentrate, the process continues and the communi- 
cation quality is maintained. 

[0273] The internet telephone network system of the 
Embodiment 8 comprises the HTTP relay server and the 
internet connection apparatus where the HTTP commu- 
nication process is possible, which includes the follow- 



ings: the TCP_communication_processing_unit 5700, 
the HTTP_communication_processing_unit 5800, the 
voice_data_packet_encoding_unit 5500, the voice_ 
data_packet_decoding_unit 5600. the telephone. 
set_callingJnformation_managing_unit 8200, the 
voice_dataJ)uffering_unit 8100. The internet connec- 
tion apparatus is placed as an arbitrary terminal on the 
internet not protected by the firewall. The voice data re- 
ceived by HTTP access via the IP network from one of 
the telephone set connected to the telephone equip- 
ment adapter through the firewall that allows passage 
of HTTP data communication. The voice data transmis- 
sion and reception process between two telephone sets 
protected by firewall is possible via the HTTP relay serv- 
er. * 
[0274] In addition to that, the internet telephone net- 
work system of the Embodiment 8 comprises the HTTP 
telephone call 7300. If the telephone_number/ 
IP_address_translation_unit 300 detects that the desti- 
nation telephone equipment adapter is protected by the 
firewall, upon making a telephone call from a telephone 
set connected to the telephone equipment adapter via 
the Internet, in order to report that a telephone call is 
being made to the communication destination telephone 
equipment adapter, the HTTP telephone call 7300 trans- 
mits the telephone cal information by the HTTP access, 
and HTTP is accessed from the destination telephone 
equipment adapter which notifies that the telephone call 
is being made from arbitrary unit to the destination tel- 
ephone equipment adapter. This way, the voice data on 
the HTTP relay server is received, and its reverse proc- 
ess which is transmission and reception process of the 
voice data is also possible. 

[0275] In addition to that, according to the internet tel- 
ephone network system of Embodiment 8, if the 
telephone_number/IP_address_translation_unit 300 
detects that the destination telephone equipment adapt- 
er is protected by the firewall, upon making a telephone 
call from a telephone set connected to the telephone 
equipment adapter via the Internet, in order to report that 
a telephone call is being made to the communication 
destination telephone equipment adapter, the HTTP 
polling unit 71 00 checks the communication situation of 
various telephone stored in the telephone_set_ 
calling_information_managing_unit 8200. As a result of 
checking, the HTTP relay server is receiving a call at 
appropriate time interval. At this point, the telephone 
equipment adapter call receiving side can make a tele- 
phone call via the HTTP relay server made possible by 
the HTTP access. 

[0276] In addition to that, according to the internet tel- 
ephone network system of Embodiment 8, if the 
telephone_number/IP_address_translation_unit 300 
detects that the destination telephone equipment adapt- 
er is protected by the firewall, upon making a telephone 
call from a telephone set connected to the telephone 
equipment adapter via the Internet, in order to report that 
a telephone call is being made to the communication 
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destination telephone equipment adapter, the 
telephone_calLcommunication_unit 7200 transmits tel- 
ephone cal using communication method such as mail 
message or instant message that passes through the 
firewall, so that the call receiving side telephone equip- s 
ment adapter can make a telephone call via the HTTP 
relay server made possible by the HTTP access. 
[0277] In addition to that, according to the internet tel- 
ephone network system of Embodiment 8, if the 
telephone_number/IP_address_translation_unit 300 io 
detects that the destination telephone equipment adapt- 
er is protected by the firewall, upon making a telephone 
call from a telephone set connected to the telephone 
equipment adapter via the Internet, in order to report that 
a telephone call is being made to the communication is 
destination telephone equipment adapter, the 
PSTN_line_signal_transmitting/receiving_unit 11 00 on- 
ly transmits the telephone call information via a tempo- 
rary PSTN line, and the call receiving side telephone 
equipment adapter can make a telephone call via the 20 
HTTP relay server made possible by the HTTP access. 
[0278] In addition to that, the internet telephone net- 
work system of the Embodiment 8 comprises the 
HTTP_connection_changing_unit 8300. A telephone 
call is made from the telephone set connected to the 25 
telephone equipment adapter via the Internet. The com- 
munication process is ready both telephone equipment 
adapters are connected by the HTTP relay server. At 
this point, the HTTP_connection_changing_unit 8300 
changes the HTTP connection between the both tele- 30 
phone equipment adapters and the HTTP relay server, 
and creates a HTTP connection directly between both 
telephone equipment adapters. 
[0279] In addition to that, the internet telephone net- 
work system of the Embodiment 8 comprises the TCP/ 35 
IP_packet_header_alteration_unit 8400. A telephone 
call is made from the telephone set connected to the 
telephone equipment adapter via the Internet. The com- 
munication process is ready when the HTTP relay serv- 
er connects both telephone equipment adapters. At this 4 0 
point, the TCP/lP_packet_header_alteration_unit 8400 
alters the IP address of IP header unit and a port number 
of the TCP header contained in the voice data packets 
transferred from both telephone equipment adapters to 
the HTTP relay server. They are altered to the IP ad- *5 
dress and port number of the final transmission destina- 
tion of the telephone equipment adapter. The process- 
ing speed via the HTTP relay server for carrying out the 
voice data communication between both telephone 
equipment adapter is increased. so 
[0280] In addition to that, the internet telephone net- 
work system of the Embodiment 8 comprises the 
HTTP_relay_serverJoad_monitoring_unit 9100 and 
the HTTP_relay_server_assigning_unit 9200. When 
the number of telephone sets connected to the tele- 55 
phone equipment adapter for performing HTTP access 
to the HTTP relay server increases extremely, then the 
HTTP_relay_server_load_monitoring_unit 9100 moni- 



tors the load situation by preparing a plurality of HTTP 
relay server. This way, the HTTP relay server process 
load is contained within the limit of its performance. The 
HTTP_relay_server_assigning__unit 9200 specifies the 
HTTP relay server used in the communication process 
by inquiry from the first telephone equipment adapter. 

Embodiment 9 

[0281] In the Embodiment 9, the telephone equipment 
adapters connected to the telephone sets mutually 
transmit their terminal names to one another upon dis- 
connecting the communication. 
[0282] The drawing of Fig. 35 shows a configuration 
of the telephone equipment adapter of Embodiment 9. 
[0283] Referring to Fig. 35, the reference numeral 420 
denotes a IP_addressJnformation_message_trans- 
mitting/receiving_unit for exchanging messages be- 
tween the telephone equipment adapters by using 
SMTP protocol, regarding the IP address information. 
The IP_address_information_message_transmitting/ 
receiving_unit 420 is also referred to as IP address in- 
formation message processing unit. In addition to that, 
the PSTNJine_signal_transmitting/receiving_unit 1100 
has a function to transmits the terminal name to the tel- 
ephone equipment adapter connected to a telephone 
set. In addition to that, the address translation table is a 
table for storing the telephone number and terminal 
name by mapping. 

[0284] In the recent years, inside the company, in or- 
der to cut down on the IP address, there are many cases 
in which the IP address is dynamically allocated to DH- 
CP (which stands for Dynamic Host Configulation Pro- 
tocol) server or router. In addition to that, in the dial up 
configuration, there are cases in which the IP addresses 
are allocated dynamically. In this case, in order to spec- 
ify the destination telephone equipment adapter upon 
calling, the terminal name is used to recognize the tel- 
ephone equipment adapter instead of the IP address. 
[0285] By mutually transmitting and receiving the IP 
addresses to the communication destination by using 
the mail protocol by specifying the terminal name upon 
calling, it becomes possible to specify the IP address for 
the later communication process. 
[0286] In the Embodiment 2, the IP address of the 
communication destination telephone equipment adapt- 
er connected to a telephone set is obtained upon dis- 
connecting the communication by using the 
IP_address_learning_unit 400 which is included in the 
designation identifying unit 200. Its own IP address is 
notified to the destination telephone equipment adapter 
from its telephone equipment adapter. In the Embodi- 
ment 9, the terminal names attached to the telephone 
equipment adapters are mutually exchanged by the 
IP_addressJnformation_messageJransmitting/ 
receiving_units 420 instead of exchanging the IP ad- 
dresses upon disconnection. The received terminal 
name is mapped to the telephone number and stored in 
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the address translation table 302. When making a tele- 
phone call to the destination telephone set after receiv- 
ing the terminal name, since the IP address is being al- 
located and mapped to the terminal name, the tele- 
phone call can be made via the IP network. 
[0287] The internet telephone network system of Em- 
bodiment 9, a telephone call is made to a telephone set 
connected to the telephone equipment adapter from an- 
other telephone set connected to the same kind of tele- 
phone equipment adapter by inputting a telephone 
number of conventional general PSTN line. The tele- 
phone call is made via the PSTN line, the 
IP_addressJearning_units 400-mutually transmit the 
terminal names upon disconnection. 
The address translation table 302 learns and stores the 
terminal name and telephone number of the typical con- 
ventional PSTN line. The IP_address_information_ 
message_transmitting/receiving_unit 420 exchanges 
the IP address information message between the tele- 
phone equipment adapters by using protocol such as 
SMTP (which stands for Simple Mail Transfer Protocol). 
This way, the next telephone call is automatically made 
via the IP network. 

Embodiment 10 

[0288] In the Embodiment 10, an another method of 
dynamic allocation of IP address of the telephone equip- 
ment adapter that is different from the Embodiment 9 is 
described. 

[0289] Fig. 36 shows a configuration drawing of vari- 
ous units in the telephone equipment adapter of Embod- 
iment 10. 

[0290] Referring to Fig. 36, the reference numeral 
5001 denotes a PSTN_line_communication_proces- 
sing_unit for performing communication process via the 
IP network on the dial up connection by using protocol 
such as PPP (which stands for Point-to-Point tunneling 
Protocol) via the PSTN line. 

[0291] The PSTNJine_communication_processing_ 
unit 5001 of Embodiment 9 makes a telephone call by 
replacing the process described in Embodiments 1 and 
2 via the IP network with the communication process on 
the dial up connection. 

[0292] The internet telephone network system of Em- 
bodiment 10 comprises the PSTNJine_communica- 
tion_processing_unit 5001 for performing the communi- 
cation process via the IP network on the dial up connec- 
tion that uses protocol such as PPP via the PSTN line. 
A telephone call can be made to a telephone set con- 
nected to telephone equipment adapter by replacing the 
process via the IP network with the communication proc- 
ess on the dial up connection. 

Embodiment 11 

[0293] In the Embodiment 11, the telephone equip- 
ment adapter for making a telephone call by replacing 



the process via the IP network with the communication 
process on the serial port connected to the terminal 
adapter. 

[0294] The drawing of Fig. 37 shows a configuration 
5 of various units in the telephone equipment adapter for 
the Embodiment 11. 

[0295] Referring to Fig. 37, the reference numeral 
5002 denotes a serial_port_communication_ 
processing_unit for performing the communication 

to process via the IP network on the dialup connection by 
protocol such as PPP via a typical PSTN line by con- 
necting a typical terminal adapter to the serial port such 
as RS232C. The telephone equipment adapter 12 is 
connected to the serial port cable 33. Refer to Fig. 9 of 

75 Embodiment 2 for the description of other reference nu- 
merals. 

[0296] The internet telephone network system of the 
Embodiment 11 comprises the serial_port_communica- 
tion_processing_unit 5002 for performing the communi- 

20 cation process via the IP network by connecting a typical 
terminal adapter which can perform dialup connection 
using protocol such as PPP via the PSTN line to the se- 
rial port such as RS232C. The process via the IP net- 
work is replaced with the communication process on the 

25 serial port connected to the terminal adapter. 

Embodiment 12 

[0297] According to the previously described Embod- 
30 iments 1, 2, 3, 4, 5, 6, 7, 8, 9, 10, and 11, the communi- 
cation device such as telephone set outputs the com- 
munication information inputted to the telephone equip- 
ment adapter. However, the communication device is 
not limited to the telephone set only, but a personal com- 
35 puter or cellular phone may be adapted. 

Embodiment 13 

[0298] As already described in the Embodiment 2, in 
40 both cases of making a telephone call and receiving a 
telephone call, the telephone equipment adapter learns 
the communication destination's IP address. It is most 
likely that the calling side will make the telephone call 
again to the same destination. However, if receiving a 
45 telephone call, the likelihood of making a telephone call 
to the calling side is not necessary high. Such examples 
includes a salesman making a telephone call or making 
a telephone call inquiring for a specific information. In 
these cases, the call receiving side does not make a call 
50 back to the call making side. If so many of such calls are 
being made, the entries of the address translation table 
302 may be over-written due to storing the IP addresses 
of the undesired destination. 

[0299] Henceforth, the address translation table of the 
55 telephone equipment adapter receiving many such calls 
is set so that the such undesired destination IP address 
is not learned. 

[0300] Accordingly, the process method of not learn- 
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ing the IP address is adapted when receiving too many 
such telephone calls. However, it would be convenient 
for if the user if s/he can change the set up of this proc- 
ess method of not learning the IP address. The tele- 
phone equipment adapter is set so that the user can 5 
make selection of learning the destination IP address if 
received a telephone call. Using the previously de- 
scribed maintenance function does this. Alternatively, if 
the user is making a telephone call, the user can input 
an address learning prevention information by using the *o 
dial or push phone, which instructs not to learn the IP 
address. The address learning prevention information 
is input before or after inputting the telephone number. 
The address learning prevention information is previ- 
ously set to the pre-determined dial or pre-determined *5 
push button telephone set. The PSTN_line_ 
signaljransmitting/receiving_unit 1100 detects the ad- 
dress learning prevention information and notifies to the 
IP_addressJearning_unit 400 not to learn the IP ad- 
dress. Accordingly, the IP address of the communication 20 
destination is not learned. 

[0301] The Embodiment 2 described one example of 
the internet telephone network systems comprising the 
PSTN_line_signaLprocessing_unit for learning ad- 
dress information from both call making side and call 25 
receiving side. The Embodiment 13 describes one ex- 
ample of the internet telephone network systems com- 
prising the PSTN_line_signal_processing_unit for not 
learning address information of the call making side at 
the call receiving side. 30 
[0302] In addition to that, it is also possible to con- 
struct the internet telephone network system where a 
mode set up in the PSTN_line_signaLprocessing_unit 
is possible by enabling the user to select two modes. 
Mode one is to carry out the learning process of the IP 35 
address learning unit for learning the address informa- 
tion of the call making side and call receiving side. Mode 
two is to not carry out the learning process of the IP ad- 
dress learning unit for learning address information of 
communication of the call making side at the call receiv- *o 
ing side. 

Embodiment 14 

[0303] In the Embodiment 1 4, the system of mutually «5 
exchanging the IP address after finishing the communi- 
cation as in the Embodiment 2 is further described in 
detail. 

[0304] The drawing of Fig. 38 outlines a configuration 
of two users communicating by using telephone sets 50 
and telephone equipment adapters of the present em- 
bodiment. 

[0305] Referring to Fig. 38, the reference numeral 
1110 denotes a telephone Jine_interface_control_cir- 
cuit, which tentatively combines the PSTN_Iine_ 55 
signaLtransmitting/receiving_unit 1100, the line_ 
connection_switching_unit 100, and the designation 
identifying unit 200. 



[0306] After finishing the communication, a user puts 
the receiver back to the telephone set after an appropri- 
ate time elapses. This receiver's situation is in general 
called on-hook. In contrast to that, a situation of the re- 
ceiver being picked up is called off-hook. If the on-hook 
situation is transmitted to the exchanger of the 
PSTNJine as it is, the exchanger disconnects the com- 
munication line so that the IP address information can- 
not be exchanged. The PSTN_line_signaLtransmitting/ 
receiving_unit 1 1 00 of the telephone equipment adapter 
detects the on-hook situation of the telephone set, and 
the telephone Jine_interface_contrbl_circuit 1110 
switches the PSTN circuit for indicating that the of-hook 
situation of the telephone set is indicated. In other 
words, the telephone set itself at this point ^is separate 
from the PSTN line, and the telephone equipment 
adapter is directly connected to the PSTN line instead 
of the telephone set. 

[0307] Accordingly, even after the user puts the re- 
ceiver back to finish the communication, the connection 
is held on for transmitting and receiving the IP address 
information. 

[0308] This fact is described in one example of the in- 
ternet telephone network systems. Immediately after 
two users finish the communication and on-hook the re- 
ceivers, the PSTN_line_communication__processing_ 
unit maintains the connection on the PSTN line and 
transmits an address information corresponding to the 
identification information. The address information of 
the telephone set of the communication information 
transmitting side is transmitted to the destination of 
transmitting the communication information telephone 
set via the PSTN line. 

[0309] The drawing of Fig. 39 shows one example of 
sequential procedure of transmitting and receiving the 
IP address information. In this example, a telephone set 
A makes a call to a telephone set B. The sequence is 
indicated from (1) to (9). The telephone set B which re- 
ceives a call transmits a disconnect tone which is going 
to be an indicator for a start of the first process (1 ). At a 
point of transmitting the disconnect tone which is the first 
indicator, the users at both telephone sets must on-hook 
the receiver. After finishing communication, a sufficient 
amount of time needed to put the receiver back by the 
user, for example, wait for about 5 seconds and then the 
first disconnect tone is transmitted. By doing so, the 
transmitting and receiving of the IP address will be suc- 
cessful mostly. If the disconnect tone is transmitted 
while the telephone set A is still in on-hook situation, the 
process will fail, therefore, the IP address is transmitted 
and received from the next call onwards. 
[0310] This fact is described in one example of the in- 
ternet telephone network systems. Immediately after 
one of the users finishes the communication and on- 
hook the receiver, the PSTNJine_communi- 
cation_processing_unit maintains the connection on the 
PSTN line after waiting for a sufficient amount of time 
needed to on-hook the receiver by the other user, and 
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transmits an address information corresponding to the 
identification information of the telephone set from the 
communication information transmitting side to the des- 
tination of transmitting the communication-information 
via the PSTN line. 5 
[0311] In addition to that, after finishing communica- 
tion, a busy tone (which is a tone indicating communi- 
cation in progress mode) is transmitted to the commu- 
nication destination telephone set from the telephone 
equipment adapter connected to it when the telephone 
set is on-hooked. This is done so that the on-hook op- 
eration of the receiver will be in time for the start of the 
IP address transmission and reception process after fin- 
ishing communication. The users in general are accus- 
tomed to putting back the receiver if s/he hears a busy 
tone rather than not hearing any sound at all. Alterna- 
tively, it may be effective to use a high note alarm tone 
instead of the busy tone. 

[031 2] This fact is described in one example of the in- 
ternet telephone network systems. Immediately after 
two users on-hook the receiver to finish the communi- 
cation, the 
PSTN_line_communication_processing_unit transmit a 
tone such as a busy tone from the telephone equipment 
adapter of the other user to the telephone set, so that 
the other user still hanging onto the receiver will know 
that the communication is finished and on-hooks the re- 
ceiver. 

[0313] In addition to that, while the IP address trans- 
mission and reception process are in progress, imme- 
diate use of the telephone set straight after finishing the 
communication is not possible. As the telephone equip- 
ment adapter process, if the IP address transmission 
and reception process starts, the connection is not 
switched to the PSTN line to the telephone set side until 
the process completely finishes. In order to notify the 
user of such situation, the user is notified by using a busy 
tone to alarm them that the communication cannot be 
used while the IP address transmission and reception 
processes are in progress. If the off-hook operation of 
the receiver of the telephone set is detected during the 
IP address transmission and reception process, the 
busy tone is transmitted to the telephone set side. As 
described before, a high note alarm tone may be trans- 
mitted instead of the busy tone. 
[0314] This fact is described in one example of the in- 
ternet telephone network systems. Immediately after 
one of the users finishes the communication and on- 
hook the receiver, the PSTNJine_communication_ 
processing_unit maintains the connection on the PSTN 
line, and while an IP address corresponding to the iden- 
tification information of the telephone set is transmitted 
from the communication information transmitting side to 
the destination for transmitting the communication infor- 
mation via the PSTN line, if either one of the users off- 
hooks the receiver again to use the telephone set, this 
user is alarmed that the transmission process is still in 
progress that the telephone cannot be used yet. Trans- 



mitting a busy tone from the telephone equipment 
adapter of the user to the telephone set alarms the user. 
[031 5] In the above example, the telephone cannot be 
used while the IP address transmission and reception 
processes are in progress. However, the telephone 
equipment adapter is capable of accepting, the tele- 
phone number input from the telephone set. Instead of 
sending the busy tone, the telephone number input is 
accepted in a normal manner, and the telephone iden- 
tification information of the telephone number is stored, 
and after finishing the IP address transmission and re- 
ception process, the telephone call is made as usual. 
Since the IP address transmission and reception proc- 
ess does not take too much time, and it is very likely that 
the process would be complete while the uier is input- 
ting the telephone number. By doing so, the user can 
make another telephone call immediately after finishing 
the communication, without having to wait for the com- 
pletion of the IP address transmission and reception 
process. 

[031 6] This fact is described in one example of the in- 
ternet telephone network systems. Immediately after 
one of the users finishes the communication and on- 
hook the receiver, the PSTN_line_communication_ 
processing_unit maintains the connection on the PSTN 
line, and while an IP address corresponding to the iden- 
tification information of the telephone set is transmitted 
from the communication information transmitting side to 
the destination for transmitting the communication infor- 
mation via the PSTN line, if either one of the users off- 
hooks the receiver again to use the telephone set, the 
identification information of the destination telephone 
set input by the user is accepted and stored, and after 
the completion of the IP address transmission and re- 
ception process, the communication process using the 
inputted identification information starts. 
[0317] The registration process of registering the IP 
address to the IP address table is so far described. Next, 
we shall describe the method of erasing the registered 
destination IP address to suit the convenience of the us- 
ers. We have already discussed the necessity of not reg- 
istering the destination IP address in the Embodiment 
13. Under these circumstances, set up is made so that 
the IP address is not registered autonomously. After a 
specific communication, if a user thinks that future com- 
munication with this destination is not likely, such as a 
claim call, a wrong numbered call, an inquiry call, or a 
questionnaire call etc, then immediately after the com- 
munication, the IP address registration is cancelled. In 
order to implement this function, after the IP address 
transmission and reception processes, the user picks 
up the receiver, and inputs a number indicating the reg- 
istration erasing function along with a specific symbols 
such as sharp and asterisk (erase instruction in- 
formation). Based on this operation, the PSTN_ 
line_signal_transmitting/receiving_unit 1100 inside the 
telephone equipment adapter erases the IP address en- 
try that is just stored via the telephone_number/ 
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!P_addressJranslation_unit 300. The user can erase 
the unnecessary destination IP address registration ac- 
cordingly. 

[031 8] This fact is described in one example of the in- 
ternet telephone network systems. After finishing com- 
munication by the user, the PSTNJine_communica- 
tion_processing_unitcan erase the IP address informa- 
tion registration of the destination telephone set ac- 
quired from the IP address learning unit in such cases 
as an apparent wrong telephone number call. 

Embodiment 15 

[0319] In the previously described Embodiment 2, an 
input of telephone number is confirmed as shown in step 
S21 of Fig. 4. In the Embodiment 1 5, the content of that 
process shall be described in detail. 
[0320] The telephone number is an identification in- 
formation of the telephone set. There are various digits 
available in the telephone number. There are several dif- 
ferent ways as to decide whether the input of telephone 
number by user is finished or not. Basically, an appro- 
priate time interval between inputting one digit of the tel- 
ephone number and the next digit one would be, for ex- 
ample, 0.3 seconds. It is very unlikely that this time in- 
terval to exceed 5 seconds. Therefore, if there is no 
more input operation taking place from the user after a 
certain set up time exceeded, then the input of the tele- 
phone number by the user is determined as finished. 
This time interval depends on the habit of the user's tel- 
ephone number inputting operation; therefore, the user 
ideally sets up an appropriate time interval. 
[0321 ] This fact is described in one example of the in- 
ternet telephone network systems. The PSTN_ 
line_communication_processing_unit detects the situa- 
tion of no input of word by word successive information 
after a specific time elapse and decides that the input of 
identification number by the user from the destination 
telephone set is finished. 

[0322] In the above example, the waiting time until the 
input is finished is set to 5 seconds. Some users may 
not like this waiting time. Henceforth, such users may 
adapt a method of inputting a pre-determined informa- 
tion after finishing the input of the last digit of the tele- 
phone number for notifying the input completion to the 
telephone equipment adapter. The pre-determined in- 
formation is configured by words such as sharp "#" and 
asterisk This is input as finishing information. Of 
course, together with the method of inputting the finish- 
ing information, an automatic decision after set time is 
also possible. On the other hand, as for the internal tel- 
ephone inside a company where the digit size of tele- 
phone number is fixed to 4 digits, the completion of tel- 
ephone number input is automatically decided by input- 
ting '9" before inputting the telephone-number which 
notifies that rt is internal telephone number. 
[0323] This fact is also described in one example of 
the internet telephone network systems. The PSTN_ 



line_communication_processing_unit detects the situa- 
tion of no input of word by word successive information 
after a specific time elapse and decides that detecting 
the specific word input last finishes the input of identifi- 

5 cation number of the destination telephone set. 

[0324]' Further, in regard to the telephone numbering 
system, the communication enterprise information is de- 
termined for each communication enterprise (telephone 
service company). Such communication enterprise-in- 

10 formation (for example, 090 for cellular phones) input 
can be used to implement the method of confirming the 
following telephone number digits (that is, the size of the 
telephone number). 

[0325] This fact is described in one example of the in- 
*5 ternet telephone network systems. The user inputs the 
identification information of the destination telephone 
set. The PSTNJine_communication_processing_unit 
decides the input completion and confirms the input of 
the upper identification information (communication en- 
20 terprise information) for specifying the telephone com- 
pany. The digit number (size) of the identification infor- 
mation is determined based on the upper identification 
information of the numbering system of various tele- 
phone companies. By counting the number of words be- 
25 ing inputted, the completion of input is detected. 

[0326] Hereinbelow, the upper identification number 
for various telephone companies is described. The com- 
pany name of the telephone company is abbreviated. 



[0327] In using the communication enterprise other 
than NTT from the NTT subscribed telephone, the first 
3 to 4 digits is dialed. After the spring of 2001 , the "tel- 
ephone priority connection system" is endorsed. This is 
a communication without having to dial the 3 to 4 digits 
identification number by previously registering the com- 
munication enterprise for the everyday use. Accompa- 
nied by the reorganization of the NTT, both NTT East 
Japan and NTT West Japan were granted with this iden- 
tification number from the Ministry of Posts and Tele- 
communication in August 1999. 
[0328] The drawing of Fig. 40 shows the upper iden- 
tification information for various telephone services 
companies (communication enterprises). However, the 
names of telephone service companies (communication 
enterprise) mentioned in Fig. 40 are abbreviated. 
[0329] On the other hand, after step S21 of Fig. 4 for 
the Embodiment 4, according to the inputted telephone 
number, the address translation table is being referred 
in step S22. This referring process may be executed af- 
ter completing the input of all the telephone number in- 
formation. Alternatively, the referring process can take 
the method of narrowing down the candidates of the IP 
address table entries digit by digit every time one digit 
of the telephone number is input from the top. 
[0330] This fact is described in one example of the in- 
ternet telephone network systems. Every time 1 word of 
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the identification information is input from the destina- 
tion telephone set after having determined the comple- 
tion of input from the telephone set, the designation 
identifying unit maintains the translating process by the 
address translation unit. 5 
[0331] As described previously, when the IP address 
table entries are being searched for 1 digit input of the 
telephone number, even before commencing the entry 
searching by using all the digits, there are cases when 
only 1 address information candidate is remaining. Un- 
der such circumstances, when come to a point of no 
more address information candidate available, the IP 
address translation process finishes. This way, the proc- 
ess is implemented rapidly. 

[0332] This fact is described in one example of the in- 
ternet telephone network systems. Every time 1 word of 
the identification information is input from the destina- 
tion telephone set after having determined the comple- 
tion of input from the telephone set, the designation 
identifying unit restricts those address information can- 
didates that have possibility of translating by the trans- 
lation process of the address translation unit. When the 
selection is narrow down to 1 , that address information 
candidate is adapted as a final translated result without 
waiting for input of the whole identification information. 
[0333] In addition to that, in confirming the telephone 
number per 1 digit by 1 digit entry, if the configuration is 
structured in such a way that the IP address table entry 
candidate cannot narrow down, then the whole digits of 
telephone number is used for the search. The interme- 
diate situation of both cases, for example, if 8 digits tel- 
ephone number is input; the IP address table entry is 
searched. This is based on the assumption that a search 
process may be a successful if 8 digits search result 
match, in advance reading search. There is much suit- 
able number of digits for advance reading other than 8 
digits. If making many internal calls using 4 digits inter- 
nal telephone number, the search process is executed 
once after 4-digit input. In total, a rapid determining proc- 
ess is implemented. In addition to that, the advance 
reading of the search process, if a plurality of candidates 
is remaining, search is executed to the telephone 
number added again; an accurate search process is im- 
plemented. 

[0334] This fact is described in one example of the in- 
ternet telephone network systems. Every time 1 word of 
the identification information is input from the destina- 
tion telephone set after having determined the comple- 
tion of input from the-telephone set, the designation 
identifying unit restricts those address information can- 
didates that have possibility of translating by the trans- 
lation process of the address translation unit. When the 
selection is narrow down to 1 after the identification in- 
formation is input by a specific number of digits, that ad- 
dress information candidate is adapted as a final trans- 
lated result without waiting for input of the whole identi- 
fication information. 



Embodiment 16 

[0335] In this embodiment, the process when the tel- 
ephone equipment adapter is connected to the commu- 
nication device managing device such as PBX or button 
type telephone device is described in detail. , 
[0336] The drawing of Fig. 41 .shows a plurality of tel- 
ephone line connections in use by using a typical PBX 
or button type telephone device. When making a tele- 
phone call from a communication device (i.e., telephone 
set) to an outside area beyond the PBX 190, the com- 
munication process is no different from the case of direct 
connection of the pre-existing telephone set. The tele- 
phone number information inputted to the telephone set 
upon making a call is transmitted to the exchanger of 
the telephone center, and the exchanger creates a con- 
nection to the communication destination. On the other 
hand, as in Fig. 41, if a telephone call is made from a 
telephone set outside of the PBX 190. there is a need 
for selecting a specific telephone set inside the PBX. 
Therefore, an exchanger 192 must transmits a lower 
digit information of the telephone number for identifying 
a plurality of telephone sets 1 0a, 1 0b, 1 0c, and 1 0d that 
are supported by the PBX. The transmission and recep- 
tion method of information between the PBX 190 and 
the exchanger 192 is pre-arranged by the telephone 
company. 

[0337] The drawing of Fig. 42 shows a plurality of tel- 
ephone line connection in use by using a telephone 
managing device connected to the telephone equip- 
ment adapter. 

[0338] In order for the telephone equipment adapter 
22 to support the connection configuration with the tel- 
ephone managing device such as PBX and button type 
telephone, if a telephone set from outside of the PBX 
1 90 is making a call. Then the lower digit information of 
the telephone number received from the exchanger 1 92 
must be transmitted to the telephone managing device. 
This is being performed by the actual telephone man- 
aging device. The transmission and reception method 
between the telephone equipment adapter 22 and the 
telephone managing device of PBX 190 is identical to 
the method adapted between the exchanger 192 and 
the PBX 190. In regard to the transmission and recep- 
tion method of the lower digit information of this tele- 
phone number, various telephone companies disclose 
the detailed procedures. 

[0339] This fact is described in one example of the in- 
ternet telephone network systems. When the telephone 
managing device such as PBX or button type telephone 
is connected in between the telephone sets, and if the 
telephone equipment adapter makes a telephone call 
via the IP network or the PSTN line, the 
PSTN _line_communication_processing_unit of the tel- 
ephone equipment adapter transmits an identification 
information for identifying a specific telephone set 
among from the plurality of telephone sets connected to 
the telephone managing device. This way, the tele- 
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phone set for communication is specified. 
[0340] In addition to the transmission and reception 
processes taking place between an exchanger of the tel- 
ephone company and a typical telephone set, in order 
to provide a special service using the device such as 
PBX, the transmission and reception processes are also 
available for implementing that service. Other than the 
support service by the PBX, there is a service related to 
the number display. This function displays the commu- 
nication destination's telephone number to the display 
unit of the its own telephone set. The telephone number 
information is transmitted and received between the ex- 
changer and the telephone set. Basically, the exchanger 
transmits the telephone number information to a tele- 
phone set of the call receiving side. In order to imple- 
ment this concept to the internet telephone network sys- 
tem of the present invention, the telephone equipment 
adapter temporarily connected to the telephone set call 
receiving side accumulates the telephone number infor- 
mation transmitted from the exchanger, and transmits 
that telephone number information to the telephone set 
in the similar manner as the transmission and reception 
method to the exchanger. 

[0341 ] This fact is described in one example of the in- 
ternet telephone network systems. When the telephone 
equipment adapter has an arrangement for the number 
display function in regard to the communication service 
on the PSTN line, then the PSTNJine^ 
communication_processing_unit transmits the identifi- 
cation information for identifying the communication 
destination telephone set if a call is being made from the 
telephone equipment adapter via the IP network or the 
PSTN line. By doing so, the identification number of the 
communication destination is displayed in the display 
unit of the telephone equipment adapter. 
[0342] The service described above is a service of the 
exchanger on the PSTN line. In order to support and 
implement the same function also on the IP network, the 
telephone equipment adapter of the calling side can 
transmit its telephone number information to the tele- 
phone equipment adapter of the call receiving side. 
[0343] This fact is described in one example of the in- 
ternet telephone network systems. When the telephone 
equipment adapter has an arrangement for the number 
display function in regard to the communication service 
on the PSTN line, then the PSTN_line_ communication^ 
processing_unit transmits the identification information 
for identifying the communication destination telephone 
set if a call is being made from the telephone equipment 
adapter via the IP network. By doing so, the identifica- 
tion number of the communication destination is dis- 
played in the display unit of the telephone equipment 
adapter. 

[0344] In addition to that, in regard to the number dis- 
play function, by inputting a special number digits at the 
head of the telephone number (non-notification informa- 
tion such as 184), the transmission of the telephone 
number information to the communication destination 



can be refused. The telephone equipment adapter of the 
call making side via the PSTN line need only input the 
telephone number including the special number digit to 
the exchanger as it is such that a special communication 
5 process is unnecessary. The call receiving side of the 
telephone equipment adapter must mediate the refusal 
communication process requiring the telephone number 
information between the exchanger and the telephone 
set. In addition to that, when making a call via the-IP 
10 network, when the special number digit input is con- 
firmed, the telephone number information is not trans- 
mitted to the telephone equipment adapter of call receiv- 
ing side. In addition to that, the telephone equipment 
adapter of call receiving side must refuse the transmis- 
is sion of the telephone number information to the tele- 
phone equipment adapter in the similar manner as the 
communication process of the exchanger. 
[0345] This fact is described in one example of the in- 
ternet telephone network systems. When the telephone 
20 equipment adapter has an arrangement for the number 
display function in regard to the communication service 
on the PSTN line, then the PSTN_line_ 
communication_processing_unit transmits the identifi- 
cation information for identifying the communication 
25 destination telephone set if a call is being made from the 
telephone equipment adapter via the IP network. If it did 
not attach the number digit for refusing the notification 
of the telephone number, by not transmitting it to the 
communication destination telephone equipment adapt- 
30 er, able to control the display of identification number of 
own telephone set to the display unit of the destination 
telephone equipment adapter. 

[0346] As regard to the services of the number display 
function, communication process method procedures 
35 between the exchanger of telephone company and the 
telephone are disclosed. In accordance to that proce- 
dure, the number display function is implemented to the 
telephone equipment adapter. 



[0347] According to the maintenance-set up function 
described in the Embodiment 4, the user can set up a 
particular control information to the configuration data 
storing unit. If there is an error in that set up, the tele- 
phone equipment adapter cannot operate properly. For 
example, if a net mask or the IP address of the telephone 
equipment adapter is wrong, then all the processes of 
accessing to the IP network will fail. Therefore, if an ap- 
parent error in the set up value for executing the process 
of telephone equipment adapter is detected, the user is 
notified of the error in that set up value. Example of the 
notification includes: displaying of alarm display lamp or 
display screen to the telephone equipment adapter; and 
transmitting an alarm tone indicating error in the set up 
when the user picks up the receiver upon using the com- 
munication device connected. 

[0348] This fact is described in one example of the in- 
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ternet telephone network systems. When a user sets up 
the telephone equipment adapter by using the IP_ 
network_data_reading/writing_unit or the telephone^ 
input_data_writing_unit, and if an error is detected in 
that set up upon executing the whole communication 5 
processes so that the communication process cannot 
be executed properly, then the IP_network_ 
communication_processing_unit or the PSTN_line_ 
communication_processing_unit display alarm to the 
display unit of the telephone equipment adapter or 
transmit an alarm noise to the connected telephone set, 
and guides the userto correct the mistake in that set up. 
[0349] In the internet telephone network system de- 
scribed above, a wrong set up of the IP address is given 
as an example. However, as regard to the IP network 
access, the user is alarmed in the similar manner if the 
IP network access is not executed due to other causes 
such as a failure in the connected router or cut-off in the 
IP network. 

[0350] In the internet telephone network system de- 
scribed above, when a user sets up the telephone equip- 
ment adapter by using the IP_network_data_reading/ 
writing_unit or the telephone_input_data_writtng_unit, 
and if an error is detected in that set up upon executing 
the whole communication process but still the commu- 
nication procesess are executed, but if the IP network 
or the PSTN line connected to the telephone equipment 
adapter is cut-off or the IP network device is broken or 
not operating, then the IP_network_communica- 
tion_processing_unit or the PSTNJine_communica- 
tion_processing_unit display alarm to the display unit of 
the telephone equipment adapter or transmit an alarm 
noise to the connected telephone set, and notifies the 
user of the abnormality in the peripheral devices. 
[0351 ] Henceforth, in regard to the alarm function de- 
scribed above, if the broken router is restored, or if the 
IP network which was being cut-off is restored, a normal 
IP network access is re-started, therefore, by stopping 
the conventional alarm process and starting the normal 
process, the user does not have to go through the trou- 
ble of releasing the alarm function. 
[0352] In the internet telephone network system de- 
scribed above, when a user the set telephone equip- 
ment adapter by using the IP_network_data_reading/ 
writing_unit or the telephone_input_data_writing_unit, 
and if an error is detected in that set up upon executing 
the whole communication processes but still the com- 
munication process is executed, but if the IP network or 
the PSTN line connected to the telephone equipment 
adapter is cut-off or the IP network device is broken or 
not operating. If able to get out of that situation by the 
restoration process of peripheral devices, the user is no- 
tified of the restoration of abnormality in the peripheral 
devices by not transmitting the alarm noise to the con- 
nected telephone set or by stopping the alarm display 
by the display unit of the telephone equipment adapter. 



Embodiment 18 

[0353] In the previously described Embodiment 8, the 
POST message is described as a message to transmit 
the voice data to the HTTP relay server. Other than the 
POST message, others message such as GET and PUT 
messages may be used. However, the GET message 
must be incorporated into the field known as URL, there- 
fore, it basically has a limit in the data size. The POST 
and PUT messages can carry the main data body as 
well as the various fields called headers, therefore, they 
basically have no limit in the data size. Exception is the 
restriction in the implementation of HTTP proxy. 
[0354] In addition to that, in obtaining the voice data 
using the GET message from the HTTP relay server, the 
sliced voice data can repeatedly be obtained by issuing 
the GET message. Alternatively, the GET message ob- 
tains the second size data which is sufficiently larger 
than the first size voice data of communication time. The 
GET message only has to be issued once to obtain the 
voice data. At this point, it is possible to obtain the first 
size sliced voice data repeatedly. 
[0355] According to the HTTP method, the transmis- 
sion and reception processes of the message are exe- 
cuted after the client side and the server side is connect- 
ed. Basically, generation of this connection takes time, 
therefore, once the connection is established, in order 
to improve the performance of the voice data transmis- 
sion and reception processes in real time, it would be 
ideal to keep that connection as much as possible. How- 
ever, in most of the cases, there are network node such 
as HTTP proxy existing in between the client side and 
the server side, therefore, depending on the relay situ- 
ation, the connection may be disconnected without con- 
cerning the conveniences of the client side and the serv- 
er side. Under such circumstances, establishing a new 
connection restarts the voice data transmission and re- 
ception processes. 

[0356] In addition to the HTTP method, the communi- 
cation on the IP network using the TCP is being con- 
ducted at the telephone equipment adapter and the HT- 
TP relay server. The TCP is a connection type commu- 
nication protocol. The connection must be established 
before transmitting and receiving data. When using the 
communication process by this TCP, for some reason 
on the IP network, if a data is still held for a long period 
of time, or if the connection is disconnected, the program 
process is stopped. The following measures are taken 
to avoid the system hangout. A certain timeout value is 
set to all the data transmission and reception processes. 
If there is no response from the communication destina- 
tion and if the timeout value is exceeded during the reply 
waiting process from the destination, then the connec- 
tion is newly established. The IP network access proc- 
ess is re-started from the beginning. 
[0357] This is described in one example of the internet 
telephone network systems. The telephone equipment 
adapter connects to the HTTP communication process- 
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ing unit of the relay server for transmitting the voice data 
packet. After connection, the voice data is stored in the 
GET, POST, PUT messages in the encode format for 
transmission. The GET, POST, PUT messages are pre- 
scribed by the HTTP. 

[0358] This is also described in one example of the 
internet telephone network systems. The telephone 
equipment adapter connects to the HTTP communica- 
tion processing unit of the relay server for receiving the 
voice data packet. After connection, the voice data is 
stored in the GET method reply message in the encode 
format for reception. The GET method message is pre- 
scribed by the HTTP. 

[0359] This is also described in one example of the 
internet telephone network systems. The telephone 
equipment adapter connects to the HTTP communica- 
tion processing unit of the relay server for receiving the 
voice data packet. After connection, data size larger 
than the size of voice transmission reception data such 
as in telephone conversation is obtained by the GET 
method message prescribed by HTTP, and the voice da- 
ta is stored in the reply message data itself in an encode 
format. Every time the voice data is generated, that 
voice data is continuously received as segments. 
[0360] This is also described in one example of the 
internet telephone network systems. The telephone 
equipment adapter connects to the HTTP communica- 
tion processing unit of the relay server for transmitting 
and receiving the voice data packet. After connection, 
various method messages or their reply messages are 
transmitted and received, and after having done that the 
connection is not immediately disconnected but the con- 
nection is maintained to transmit and receive various 
method messages or their reply messages. 
[0361] This is also described in one example of the 
internet telephone network systems. The telephone 
equipment adapter connects to the HTTP communica- 
tion processing unit of the relay server for transmitting 
and receiving the voice data packet. After connection, 
while the various method messages and their replay 
messages are being transmitted and received, or imme- 
diately after being transmitted and received, if the con- 
nection is disconnected for one reason or the other, the 
connection is re-established, and the new connection is 
maintained to transmit and receive various method mes- 
sages or their reply messages. 
[0362] This is also described in one example of the 
internet telephone network systems. The telephone 
equipment adapter connects to the HTTP communica- 
tion processing unit of the relay server for transmitting 
and receiving the voice data packet. After connection, 
while the various method messages and their replay 
messages are being transmitted and received, or imme- 
diately after being transmitted and received, if no re- 
sponse of the HTTP or TCP transmission and reception 
processes after a certain period of set time is elapsed, 
the connection is disconnected, and then re-connected, 
and the new connection is maintained to transmit and 



receive various method messages and their reply mes- 
sages. 

Embodiment 19 

5 

[0363] According to the previously described Embod- 
iment 8, the telephone_set_callingJnformation_mana- 
ging_unit 8200 accesses the management area of the 
communication destination, and checks whether it is in 
10 the communication mode or not in step S75 (refer to Fig. 
34). In the Embodiment 19, an identifier which is the 
communication connection identification information is 
given to the communication itself, (hereinafter the iden- 
tifier shall be referred to as session ID), upon making a 
15 telephone call by using HTTP method, at appoint of in- 
quiring whether or not the telephone call can be made 
to the HTTP relay server, when the telephone call can 
be made, the HTTP relay server attaches the session 
ID to the communication, and confirms that the tele- 
20 phone call can be made. Basically, the session ID is cre- 
ated by the counter incrementally. 
[0364] Based on this session ID, the HTTP relay serv- 
er manages information related to the communication. 
The telephone equipment adapter of the user side ob- 
25 tains this session ID as a communication approval. This 
way, the voice data transmitted and received to the HT- 
TP relay server is distinguished from the other commu- 
nication while referring to the session ID. In the HTTP 
relay server, the following log information are recorded 
30 and managed: the session ID, the information related to 
communication such as identification information of 
communication device of both sides, the IP address in- 
formation, duration of communication, communication 
starting time, and communication finishing time. Ac- 
35 counting is taken care of based on these management 
informations. 

[0365] This is described in one example of the internet 
telephone network systems. The relay server manages 
a session information that is a collection of address in- 
40 formation of the telephone equipment adapters of both 
users as a communication connection identification in- 
formation. The communication connection identification 
information is stored inside the voice data packet and is 
transmitted via the IP network. 
45 [0366] This is also described in one example of the 
internet telephone network systems. The relay server 
manages session information that is a collection of ad- 
dress information of the telephone equipment adapters 
of both users as a communication connection identifica- 
50 tion information. Every time the communication takes 
place between the users, the communication duration, 
and the amount of communication packets are memo- 
rized and extracted as log information. 



[0367] The Embodiment 20 describes the telephone 
equipment adapter having a process method of notifying 
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the communication in progress mode to a third individual 
while the communication is taking place using the three 
methods of the communication via the PSTN line, the 
communication using UDP via the IP network, and the 
communication using HTTP via the IP network. The third 5 
individual is making a call using other method. 
[0368] We have already explained the communica- 
tion process where the three methods of PSTN line, 
UDP and HTTP coexists in the Embodiment 6. In addi- 
tion to that, the procedure of making a telephone call 
using the method of HTTP is described in the Embodi- 
ment 8. In the Embodiment 20, as the procedure of mak- 
ing this telephone call, the telephone calling method us- 
ing SMTP mail (which stands for Simple Mail Transfer 
Protocol) is described. 

[0369] While communication is taking place using the 
three methods mentioned above, when there is an in- 
coming call from a third individual, there are 9 different 
patterns as shown in the drawing of Fig. 43. 
[0370] As illustrated in Fig. 43, a basic process of no- 
tifying the communication in progress mode is output- 
ting a busy tone to the telephone set of the third individ- 
ual. If the incoming call from the third individual is via 
the PSTN line, then other than transmitting a busy tone 
directly from the exchanger-of the telephone company, 
the telephone equipment adapter in which the call is be- 
ing made to creates the busy tone and transmit it via the 
PSTN line. However, in the latter case, such a simple 
notification of communication in progress mode involves 
the payment of telephone bill to the telephone company 
since it enters the communication mode. If the tele- 
phone call is made using UDP from the third individual, 
the telephone equipment adapter which the call is being 
made to reports the communication in progress mode 
such that the telephone equipment adapter itself of the 
third individual creates the busy tone which can be 
heard by the user. As for the telephone call is made us- 
ing HTTP from the third individual, if detected the com- 
munication in progress mode by inquiring to the HTTP 
relay server, the telephone equipment adapter of the 
third individual itself creates the busy tone so that it can 
be heard by the user. 

[0371] Based on these methods, even if three kinds 
of telephone communication methods coexist, it is still 
possible to report communication in progress mode to 
the telephone call made from the third individual. How- 
ever, in order to simplify the internal design of the tele- 
phone equipment adapter, it is possible to skip reporting 
of the communication in progress mode. In this case, 
even if the third individual makes a telephone call, s/he 
may perceive that the destination does not answer the 
telephone for a very long time, such that this may be 
perceived strange as compared to the pre-existing tel- 
ephone being used. 

[0372] This fact explains one example of the internet 
telephone network systems that adapts the PSTN line 
communication, the RTP communication process, and 
the HTTP communication process. When a third user 



makes a telephone call using either one of the three 
communication methods mentioned above while the 
communication is taking place using either one of the 
three methods mentioned above. The IP_network_ 
communication_processing_unit or the PSTN_line_ 
communication_processing_unit transmits a busy tone 
to the telephone set of the third user and notifies the 
communication in progress mode. 

Industrial Applicability 

[0373] Accordingly, in the above embodiments which 
described one example of the internet telephone net- 
work system of the present invention have the following 
effects. * 
[0374] A telephone call is made via the IP network 
when communication via the IP network is possible. The 
telephone call is made via the PSTN line when commu- 
nication via the IP network is not possible. The commu- 
nication via the IP network is not possible at the following 
circumstances. The telephone number cannot be con- 
verted to IP address. The destination telephone-equip- 
ment is not connected to the IP network. A telephone 
equipment adapter connected to the destination tele- 
phone set is not interchangeable to the telephone equip- 
ment adapter of call making side. 
[0375] In addition to that, the conventional telephone 
number can be used as it is to make a telephone call via 
the IP network. 

[0376] In addition to that, if the incoming communica- 
tion information from the IP network is received as a dig- 
ital voice data, it is transmitted to the telephone equip- 
ment as an analog voice data. 
[0377] In addition to that, if the outgoing communica- 
tion information from the telephone equipment is re- 
ceived as an analog voice data, it is converted to a digital 
voice data and transmitted to the IP network. 
[0378] In addition to that, if the destination telephone 
set can transmit or receive the outgoing or incoming 
communication information via the IP network, and then 
the telephone call is made via the IP network. Other- 
wise, if not possible via the IP network, the telephone 
call is made via the PSTN line. Connections are auto- 
matically switched. Responding to the needs, the user 
can transmit and receive the outgoing and incoming 
communication information via the IP network or via the 
PSTN line. 

[0379] In addition to that, a telephone number of the 
telephone set and an IP address mapped to the tele- 
phone number are notified to the destination telephone 
number after finishing the communication via the PSTN 
line. The user doesn't have to look up for the IP address 
of the destination. The user doesn't need to set it up in 
the address translation table. 

[0380] In addition to that, the telephone number of 
conventional general PSTN line and the IP address are 
mapped and memorized. This way, the telephone call is 
automatically made via the IP network from the next call 
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onwards. 

[0381] In addition to that, more than two voices other 
than your own one received from the other telephone 
sets connected to the telephone equipment adapter of 
the present invention via the IP network are mixed, and 
the mixed voices are output. The tele-conference 
among more than three individuals via the IP network is 
possible. 

[0382] In addition to that, the tele-conference identifi- 
cation number is set to the tele-conference. The user 
requesting to join the tele-conference must indicate this 
tele-conference identification number. This way, the 
tele-conference is carried out among the specified tele- 
phone sets via the IP network. 

[0383] In addition to that, the telephone identification 
number is set to the telephone equipment connected to 
the telephone equipment adapter. The user requesting 
to join the tele-conference must indicate this telephone 
identification number. This way, the tele-conference is 
carried out among the specified telephone equipment 
via the IP network. 

[0384] in addition to that, the password is previously 
allocated to each user who is going to participate in the 
tele-conference. The passwords are managed for each 
tele-conference. The user inputs the password upon 
participating to the tele-conference. This way, the input- 
ted password is compared and referred to the previously 
registered passwords. The participation to the tele-con- 
ference is therefore verified. 

[0385] In addition to that, a control information is input 
from the existing telephone set or a general-purpose 
personal computer connected to the telephone equip- 
ment adapter for carrying out the maintenance opera- 
tions. The configuration data stored in the 
configuration_data_storing_unit is changed according 
to the inputted control information. An extra cost in- 
curred in attaching the I/O data device to the telephone 
equipment adapter, especially used for the maintenance 
operation, is deduced. In addition to that, the user utiliz- 
es the conventional devices (such as existing telephone 
set or the general-purpose personal computer) to simply 
carry out the maintenance operation. 
[0386] In addition to that, the permission information 
related to the tele-conference is input from the personal 
computer connected to the IP network or from the tele- 
phone set connected to the telephone equipment adapt- 
er, and is registered. Registration changes and dele- 
tions are easily carried out. 

[0387] In addition to that, UDP and RTP are used hav- 
ing an excellent real-time property in the communication 
process. The communication voice quality is improved. 
[0388] In addition to that, the firewall that does not al- 
low the use of arbitrary UDP port is set so that the firewall 
can use a limited and specific UDP port. That specific 
UDP port number is stored in the telephone equipment 
adapter. The voice data communication processing be- 
yond the firewall is possible. 

[0389] In addition to that, in complying with the firewall 



that does not allow the use of arbitrary UDP port, a us- 
able UDP port is scanned. The unknown usable UDP 
port is searched. The voice data communication 
processing is possible after finding the usable UDP port. 

5 [0390] In addition to that, most firewall cannot use the 
UDP port; however, the HTTP port is normally open. The 
voice data is transmitted as HTTP message. This way, 
the communication process is implemented via the IP 
network despite of the firewall. 

io [0391 ] In addition to that, the voice data is transmitted 
and received by using TCP when a telephone call is 
made from the telephone equipment adapter via the IP 
network. 

[0392] In addition to that, the voice data is transmitted 
is and received by using HTTP when a telephone call is 
made from the telephone equipment adapter via the IP 
network. 

[0393] In addition to that, the firewall plays a role of 
the security preventing the illegal access to the outside 
IP network from the IP network managed and connected 
to the telephone equipment adapter. The firewall is in- 
stalled at the I P network boundary. In the case of making 
a telephone call by the telephone equipment adapter via 
the IP network, to comply with the firewall, an availability 
of HTTP port that can transmit and receive data is 
searched. The HTTP port that can transmit and receive 
data is specified. This HTTP port is used to carry out 
communication of the voice data. 
[0394] In addition to that, the header of the voice data 
packet for communication is individually compressed. 
This way, the voice data packet can be made smaller 
than the standard packet size. This reduces the network 
traffic. In addition to that, the compressed voice data 
packet can be decoded. The compressed packet infor- 
mation is received. This also reduces the network traffic. 
[0395] In addition to that, even if there is a fluctuation 
in the transmission times of voice data packets for com- 
munication, the voice data packets are accumulated un- 
til they reach a certain size, and then they are transmit- 
ted to the analog regeneration side. The stable commu- 
nication quality is maintained even if the network traffic 
condition is unstable. In addition to that, in order to trans- 
mit the digital voice data packet to the destination tele- 
phone set via the IP network, an outgoing digital voice 
data packet is created. The outgoing digital voice data 
packets are accumulated in the transmission buffer unit. 
The transmission buffer unit can change its buffer size. 
Before transmitting the accumulated digital voice data 
packets, the transmission buffer unit executes a process 
of adding only the necessary data to the compiled pack- 
ets. This process is carried out by the transmission buff- 
er unit. Reflecting on the network traffic conditions, the 
optimal digital voice data packet is transmitted. Good 
quality voice data is effectively transmitted. 
[0396] In addition to that, when each of voice data 
packets for communication is transmitted, a packet size 
is changed small size if the network traffic is small, large 
size if the network traffic is large. This way, the stable 
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communication quality is maintained, and the network 
traffic does not receive an influence, even if the network 
traffic condition is not stable. 

[0397] In addition to that, the redundant packet is is- 
sued when the packet loss of the outgoing voice data 5 
occurred. A stable communication quality is maintained 
even in the network traffic condition where the packet 
loss is frequent. 

[0398] In addition to that, when there's too much net- 
work traffic to transmit the voice data packet, the voice 10 
data packets below a certain the level that does not in- 
fluence the communication quality is not transmitted. 
This way, the stable communication quality is main- 
tained. 

[0399] In addition to that, the network traffic condition *5 
is estimated. Timings of receiving the voice data packets 
are measured. The receiving buffer size is adjusted. The 
redundant_packet_issuing_unit adjusts the number of 
replicating packet information. The packet. 
generation_filtering_unit adjusts a condition for deleting 20 
the number of outgoing packet information. At least one 
of the three adjusting is done. The optimal communica- 
tion processing is implemented by responding to the up- 
dated network traffic. The stable communication quality 
is maintained. 25 
[0400] In addition to that, the timings of receiving 
voice data packets are measured, and the measured re- 
sults are accumulated so that it can be referred to as a 
data indicating network traffic condition at a day cycle 
or a weekly cycle. The optimal communication process- 30 
ing is controlled based on the averaged network traffic 
condition. The stable communication quality is main- 
tained. 

[0401] In addition to that, the telephone equipment 
adapter can make a telephone call and can execute the 35 
communication processing via the HTTP relay server. 
The firewall can make access to the outside network by 
using HTTP. For this reason, there is no need to modify 
the setup of typical firewall to make a telephone call via 
the IP network. In addition to that, the voice data is tern- *o 
porarily stored in the HTTP relay server, and the tele- 
phone equipment adapter connected to other telephone 
set go and get that voice data. The effective communi- 
cation processing is implemented. In addition to that, the 
destination telephone equipment adapter is protected 45 
by the firewall. The HTTP polling unit of the HTTP relay 
server reports to the communication destination tele- 
phone equipment adapter that the telephone call is be- 
ing made. This is done so by the HTTP polling unit of 
the HTTP relay server that periodically checks the com- so 
munication situation of the telephone_set_calL 
information_managing_unit of the destination tele- 
phone equipment adapter. The communication mode of 
the telephone set is being stored in the 
telephone_set_calUnformation_managing_unit. At a 55 
point of detecting that the telephone call is being made, 
the destination telephone equipment adapter accesses 
the HTTP relay server by using HTTP. In addition to that, 



if the destination telephone equipment adapter is pro- 
tected by the firewall, in order to report to the destination 
telephone equipment adapter that the telephone call is 
being made, the PSTN_signal_processing_unit trans- 
mits only the telephone call information temporarily via 
the PSTN line. Then, the telephone equipment adapters 
communicate via the HTTP relay server by HTTP ac- 
cess, and exchange the communication information-via 
the HTTP relay server. 

[0402] In addition to that, the HTTP relay server ne- 
gotiates the first connection between the telephone 
equipment adapters. After the first negotiation process, 
the HTTP_connection_changing_unit in the HTTP relay 
server changes the HTTP and TCP connection so that 
the connection between the telephone equipment 
adapters is direct. The communication data are trans- 
mitted and received after the first negotiation process 
between the telephone equipment adapters. However, 
the process load is going to be a heavy burden. The 
communication data are better of transmitted and re- 
ceived directly between the telephone equipment adapt- 
ers without bypassing the HTTP relay server. The proc- 
ess burden put on the HTTP relay server is lightened. 
Owing to this fact, even if the communication processes 
concentrate because many users are making telephone 
calls at one time, the processes can continue without 
being stagnant. The communication quality is main- 
tained. 

[0403] In addition to that, the communication data is 
transmitted and received directly between the telephone 
equipment adapters without bypassing the HTTP relay 
server. For this reason, the process burden put on the 
HTTP relay server is lightened. Despite of the concen- 
trated communication processes by many users making 
telephone calls, without being stagnant the process con- 
tinues. The communication quality is maintained. 
[0404] In addition to that, as a process of the HTTP 
relay server, an IP address contained in the IP header 
of the voice data packet is directly converted to the IP 
address of the final transmission destination telephone 
equipment adapter. The TCP header port number con- 
tained in the IP header of the voice data packet is like- 
wise directly converted to the port number of the desti- 
nation telephone equipment adapter. Owing to this, the 
process burden put on the HTTP relay server is light- 
ened. Despite of the concentrated communication proc- 
esses by many users making telephone calls, without 
being stagnant the process continues. The communica- 
tion quality is maintained. 

[0405] In addition to that, even though the HTTP relay 
server tries to carry out the communication process ef- 
ficiently, if a number of telephone equipment adapters 
requesting for the communication process has in- 
creased accompanied by the increased number of us- 
ers, since there is a performance limit that a single HTTP 
relay server possesses, it will fail at some point. There- 
fore, a plurality of HTTP relay servers is prepared. The 
HTTP_relay_server_managmg_server for integrating 
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and managing the plurality of HTTP relay servers is pre- 
pared. The HTTP_relay_server_managing_server finds 
the HTTP relay server having a small number of users 
and specifies the candidate HTTP relay server to be 
used for the communication process. A favorable com- 
munication is maintained for the various users by dis- 
persing the communication processes of various tele- 
phone equipment adapters to the plurality of HTTP relay 
servers. 

[0406] In addition to that, the name of telephone 
equipment adapter is used as an identifier of the tele- 
phone equipment adapter. The identifiers are seized be- 
tween the telephone equipment adapters prior to trans- 
mitting and receiving the communication data. Because 
of this, the telephone equipment adapter can be adapt- 
ed in a network configuration where the IP address is 
not fixed and is dynamically provided. The case in which 
the IP address is dynamically allocated is a learning of 
the IP address from the DHCP server. Another such 
case is when the IP address is allocated upon dial up 
connection from the telephone equipment adapter to the 
internet service provider (ISP). As in those cases when 
the fixed IP address is not allocated, the negotiation 
process for connecting from a telephone equipment 
adapter to its communication destination is effectively 
implemented. 

[0407] In addition to that, instead of the network envi- 
ronment using the dedicated line connection to the IP 
network, the internet telephone can also be used by dial 
up connection. The dial up connection connects the IP 
network by dialing to the internet service provider (ISP). 
In other words, the user no longer needs to make con- 
tract for the dedicated line connection configuration to 
use the internet telephone at home. Using the dial up 
connection easily uses the internet telephone at home. 
[0408] In addition to that, instead of the network envi- 
ronment using the dedicated line connection to the IP 
network, the internet telephone can also be used by dial 
up connection. The dial up connection connects to the 
IP network by dialing to the internet service provider 
(ISP). The terminal adapter used by the personal com- 
puter is used as a device to carry out this dial up con- 
nection. The modem, etc. is built in the terminal adapter. 
The modem is for communicating to the PSTN and IS- 
DN. Serial port RS232C is attached to the telephone 
equipment adapter. This process device is easily imple- 
mented. A comparably costly device is entrusted to the 
terminal adapter side. The actual cost incurred in the 
telephone equipment adapter is deduced this way. 
[0409] In addition to that, the telephone equipment 
adapter keeps the PSTN line connection even after both 
users put the receivers back upon finishing communi- 
cation to allow for the exchange of the IP address infor- 
mation. 

[041 0] In addition to that, when the communication is 
finished and the communication information transmit- 
ting side puts the receiver back, a tone signal notifies 
the disconnection to the destination of transmitting the 



communication information. The tone signal is generat- 
ed after a pre-determined time. This way, after finishing 
the communication and both receivers are put back, the 
telephone equipment adapter holds on the PSTN con- 

5 nection, and the IP addresses are definitely exchanged. 
[0411] In addition to that, a sound such as busy tone 
is generated for notifying the communication completion 
to the destination of transmitting the communication in- 
formation. This way, the destination user will definitely 

10 know that the communication is finished. Then, the user 
puts the receiver back. 

[041 2] In addition to that, when a user tries to use the 
telephone set again while the IP addresses are still in 
the process of being exchanged, the user hears a busy 
15 tone at the receiver. The telephone set cannot be used 
while the IP addresses are being exchanged. 
[041 3] In addition to that, when a user tries to use the 
telephone set again while the IP addresses are still in 
the process of being exchanged, the identification infor- 
20 mation of the destination input by the user is accepted. 
After the IP address information exchange process is 
finished, the accepted destination identification informa- 
tion is connected. The IP address exchange process 
does not take so much minutes times such that the user 
25 trying to make a telephone call does not have to wait to 
re-use the telephone set. This is convenient for the user. 
[041 4] In addition to that, the identification information 
input is determined as complete after a certain time pe- 
riod of no input. This way, the user can omit inputting of 
30 information that indicates input completion of the iden- 
tification information. This is convenient for the user. 
[041 5] In addition to that, the identification information 
input is determined as complete by inputting a specific 
information. This way, the input completion is definitely 
35 determined. The identification information is accurately 
input. 

[041 6] In addition to that, the identification information 
input is determined as complete by comparing the size 
of specified identification information and the size of 
40 identification information being input. The communica- 
tion enterprise information specifies the size of identifi- 
cation information. This way, the user can input the iden- 
tification information using the conventional method. 
The identification information input completion is defi- 
45 nite. This improves on the convenience. 

[0417] In addition to that, the address translation unit 
carries out the address translation processing after the 
identification information input is fully complete. This 
way, the IP address information is accurate. The relia- 
50 bility of the internet telephone network system is in- 
creased. 

[041 8] In addition to that, the address translation unit 
narrows down the candidate identification information 
every time 1 word of the identification information is en- 
55 tered. This way, the identification information is convert- 
ed to IP address at a speed. 

[041 9] In addition to that, the address translation unit 
finishes the process when the candidate identification 
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information has narrow down to the last 1 . This way, the 
identification information is converted to IP address at 
a speed. 

[0420] In addition to that, if the number of word infor- 
mation comprising the identification information inputted 
exceeds a pre-determined number, the address trans- 
lation unit converts that word information to IP address 
information. This way, without having to wait for the 
whole input of the identification information, the informa- 
tion is translated to IP address such that process can 
be carried out at a speed. 

[0421] In addition to that, the learning process by the 
IP_address_learning_unit is executed at both telephone 
sets of the call making side and receiving side. This way, 
the identification information and IP address are auto- 
matically learned. The internet telephone network sys- 
tem highly convenient is supplied to the users. 
[0422] In addition to that, the learning process by the 
IP_address_learning_unit may not executed when re- 
ceiving a telephone call. This way, when a salesman 
makes a telephone call to the customers, the identifica- 
tion information and ID address of the call making side 
is not registered. This prevents from unnecessary use 
of memory area of the address translation table. 
[0423] In addition to that, when the telephone call is 
being made by the telephone making side, the tele- 
phone making side can cease the learning process in 
the IP_address_learning_unit in the destination tele- 
phone equipment adapter. Since the telephone making 
side can conveniently cease the learning process of the 
destination, such that the internet telephone network 
system convenient for the user is supplied. 
[0424] In addition to that, the user can erase the in- 
formation registered in the address translation table. 
This way, the memory area of the address translation 
table can effectively be used. 

[0425] In addition to that, the user is notified that the 
telephone equipment adapter is not operating normally 
when the control information is being corrected due to 
an error of some kind. The user that has received this 
notification can immediately correct the control informa- 
tion. This way, the internet telephone network system 
convenient for the users is supplied. 
[0426] In addition to that, the user is notified that the 
communication is unable due to failure in the lines. This 
way, the user will immediately know that the communi- 
cation is not possible. 

[0427] In addition to that, the user is notified when the 
telephone set changes from the unusable mode to the 
usable mode. This way, the user will immediately know 
that the telephone set is in the usable mode. This way, 
the internet telephone network system convenient for 
the user is supplied. 

[0428] In addition to that, when a third individual re- 
quests for connection during the communication which 
is taking place using one of the following methods, 
namely; the PSTN line communication, the RTP com- 
munication processing, and the HTTP communication 



processing; then the third individual is notified of the 
communication in progress mode. This way, the internet 
telephone network system convenient for the users is 
supplied. 

5 [0429]' In addition to that, the relay server attaches a 
session information to the communication, for example, 
the session ID. The session information is included in 
the packet information of the outgoing communication 
information. This way, the relay server can use the ses- 

10 sion information inside the packet information to man- 
age the communication contents. 
[0430] In addition to that, the relay server manages 
the communication contents using the session informa- 
tion. This way, the relay server can carry out accounting 

15 matters based on the communication contents being 
managed there. The internet telephone network system 
has many useful aspects. 

[0431] In addition to that, the telephone equipment 
adapter uses at least one of the methods from GET, 
20 PUT, and POST for HTTP accessing to the relay server. 
The relay server is assumed as the Web server. This 
way, the relay server is accessed. 
[0432] In addition to that, the relay server includes the 
communication information in the reply message of the 
25 request using the methods. This way, the telephone 
equipment adapter can receive the communication in- 
formation from the relay server. The relay server is as- 
sumed as the Web server. The relay server is accessed. 
[0433] In addition to that, a method of receiving the 
30 communication information having a larger size than the 
actual communication information is issued, when re- 
ceiving the communication information from the tele- 
phone equipment adapter by accessing to the relay 
server. This way, every time the communication infor- 
ms mation is generated when the communication is taking 
place, the communication information can be received 
repeatedly. 

[0434] In addition to that, the connection between the 
telephone equipment adapter and relay server is main- 

40 tained, even after transmitting a message for replying a 
communication information and receiving the replied 
message are finished. This way, the time taken in con- 
necting the telephone equipment adapter and the relay 
server is eliminated. The real-time communication infor- 

^5 mation transmission and reception is possible. 

[0435] In addition to that, the connection between the 
telephone equipment adapter and relay server may 
sometimes be cut-off. In such cases, the connection is 
re-attempted. So the user can receive the communica- 

50 tion information from the relay server without being 
aware of the disconnection. 

[0436] In addition to that, if there is no response from 
the relay server after a pre-determined time, then the 
connection is cut-off and then re-connected. This way, 
55 the user without having to be aware of the condition of 
the relay server can receive communication information 
from the relay server. 

[0437] In addition to that, the identification information 
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is notified to the telephone_set_calling_ 
information_managing_unit connected the telephone 
equipment adapter. This way, the telephone^ 
set_calling_information_managing_unit can specify a 
certain telephone set among from the plurality of tele- 5 
phone sets under its management. 
[0438] In addition to that, the telephone equipment 
adapter notifies the identification information to the tel- 
ephone set having a number display function when com- 
municating via the PSTN line. This way, the telephone io 
set having the number display function can confirm the 
identification number of the communication destination. 
[0439] In addition to that, the telephone equipment 
adapter notifies the identification information to the tel- 
ephone set having a number display function when com- 15 
municating via the IP network. The identification number 
of the communication destination is confirmed via the IP 
network. 

[0440] In addition to that, non-notification information 
is included in the identification information. The non-no- 20 
tification information indicates non-display of the 
number. When the telephone equipment adapter recog- 
nizes the non-notification information in the identifica- 
tion information, the identification information is not no- 
tified to the communication destination. This is conven- 25 
ient for the user. 

[0441] The network system is described in the above 
embodiments. Descriptions regarding the network ac- 
cessing method and the telephone set are also included. 
Various units mentioned in the above descriptions may 30 
be implemented both in the hardware and software, as 
well as combination of the two. To implement this on the 
software, a program stored in the central processing unit 
of the computer executes functions of various units. The 
program is stored in the storing media such as hard disk 35 
or non-volatile memory, and is executed by reading it 
from the central processing unit of the computer. 



2. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (Public Switched Telephone 
Network) line for communicating an analog data, 
and outputting the message information to the route 
selected, 

wherein the telephone equipment adapter 
keeps the connection to the PSTN line after finish- 
ing and disconnecting communication between the 
message information transmitting side and the 
message information receiving destination, and re- 
ceives from the message information receiving des- 
tination via the PSTN line an address information 
corresponding to an identification information of the 
telephone equipment of message information 
transmitting side. 

3. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (public switched telephone net- 
work) line for communicating an analog data, and 
outputting the message information to the route se- 
lected, 

wherein the message information is a packet 
information, 

wherein the telephone equipment adapter in- 
cludes: 

an UDP_communication_processing_unit for 
performing an User Datagram Protocol (UDP) 
communication process to the packet informa- 
tion, and 

an HTTP_communication_processing_unit for 
performing an Hyper Text Transfer Protocol 
(HTTP) communication process to the packet 
information, 



40 wherein the telephone equipment adapter ex- 

ecutes communication process by using the 
HTTP_communication_processing_unit if unable 
by the UDP_communication _processing_unit. 



Claims 

1. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (Public Switched Telephone 
Network) line for communicating an analog data, 
and outputting the message information to the route 
selected, 

wherein the telephone equipment adapter 
keeps the connection to the PSTN line after finish- so 
ing and disconnecting communication between the 
message information transmitting side and the 
message information receiving destination, and 
transmits to the message information receiving des- 
tination via the PSTN line an address information 55 
corresponding to an identification information of the 
telephone equipment of message information 
transmitting side. 



4. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (Public Switched Telephone 
Network) line for communicating an analog data, 
and outputting the message information to the route 
selected, comprising 

a transmission buffer unit having a transmis- 
sion buffer for inputting a digital voice data which is 
a digitalized message information, and for tempo- 
rarily storing the digital voice data input, extracting 
the digital voice data from the transmission buffer, 
generating the packet information which includes a 
header unit for storing an address information of the 
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digital voice data receiving destination, and in- 
cludes a data unit for storing the digital voice data, 

a voice_data_packet_encoding_unit for in- 
putting the packet information from the transmis- 
sion buffer unit, and compressing at least one of an 
information stored in the data unit of the packet in- 
formation and an information stored in the header 
unit of the pakket information, 

a voice_data_packet_decoding_unit for re- 
ceiving the packet information including the com- 
pressed information transmitted by the 
voice_data_packet_encoding_unit via the IP net- 
■ work, decoding the compressed information of the 
packet information, and extracting and analyzing 
the header unit of the decoded packet information, 

a receiving buffer unit having a receiving buff- 
er for inputting the packet information decoded by 
the voice_data_packet_decoding_unit and for tem- 
porarily storing the decoded packet information in- 
put, and outputting the decoded packet information 
at a continuous timing from the receiving buffer, 

wherein the receiving buffer has a predeter- 
mined buffer size and the pre-determined buffer 
size is changeable. 

5. The telephone equipment adapter of claim 4 further 
comprising a network_traffic_monitoring_unit for 
monitoring a traffic condition of the packet informa- 
tion received by the voice_data_packet_decoding_ 
unit, and instructing the change in the receiving 
buffer size to the receiving buffer unit based on the 
monitored result. 

6. The telephone equipment adapter of claim 5 further 
comprising a redundant__packetjssuing_unit for 
replicating the packet information generated by the 
transmission buffer unit, 

wherein the network_traffic_monitoring_unit 
instructs to the redundant_packet_issuing_unit for 
the number of replicating packet information based 
on the monitored result. 

7. The telephone equipment adapter of claim 5 further 
comprising a packet_generation_filtering_unit for 
deleting the packet information, 

wherein the network_traffic_monitoring_unit 
instructs to the packet_generation_filtering_unit re- 
garding the condition for deleting the packet infor- 
mation based on the monitored result. 

8. The telephone equipment adapter of claim 5 further 
comprising a network_traffic_statisticaLdata_ 
managing_unit for calculating a statistics of the traf- 
fic condition by obtaining the monitored result mon- 
itored at the network_traffic_monitoring_unit, and 
for notifying a statistical result to the 
networkJraffic_monitoring_unit. 



9. A relay server comprising a telephone. 
set_calling_information_managing_unit, wherein 
the relay server manages a telephone equipment 
adapter for inputting a message information, select- 

5 ing a route from the IP (internet protocol) network 
and the PSTN (Public Switched Telephone Net- 
work) line, and outputting the message information 
to the route selected, is prepared on the IP network, 
receives the message information transmitted from 

10 a telephone equipment adapter to an another tele- 
phone equipment adapter transmitted in accord- 
ance to a pre-determined communication protocol 
access in place of the another telephone equipment 
adapter, stores the message information received, 

75 and reads the message information stored by using 
the same access as the pre-determined communi- 
cation protocol access at the telephone equipment 
adapter, 

wherein the telephone_set_calling_informa- 
20 tion_managing_unit manages the condition of tele- 
phone equipment adapters managed by the relay 
server, receives an inquiry information which in- 
quires the condition of the another telephone equip- 
ment adapter from the telephone equipment adapt- 
25 er, confirms the condition of the another telephone 
equipment adapter based on the inquiry informa- 
tion, and notifies the confirmed result to the tele- 
phone equipment adapter. 

30 10. An internet telephone network system using the IP 
(internet protocol) network for communicating a dig- 
ital data and the PSTN (public switched telephone 
network) line for communicating an analog data, 
comprising 

35 a telephone equipment adapter for inputting 

a message information, selecting a route from the 
IP network and the PSTN line, and outputting the 
message information to the route selected, 

a relay server prepared on the IP network, for 

40 managing telephone equipment adapters, for re- 
ceiving the message information transmitted from a 
telephone equipment adapter to an another tele- 
phone equipment adapter transmitted in accord- 
ance to an Hyper Text Transfer Protocol (HTTP) 

45 communication protocol access in place of the an- 
other telephone equipment adapter, for storing the 
message information received, and for reading the 
message information stored by using the same HT- 
TP access as the HTTP communication protocol ac- 

50 cess at the telephone equipment adapter, for man- 
aging the condition of telephone equipment adapt- 
ers managed by the relay server, for receiving an 
inquiry information inquiring the condition of the an- 
other telephone equipment adapter from the tele- 

55 phone equipment adapter, for confirming the condi- 
tion of the another telephone equipment adapter 
based on the inquiry information, and for notifying 
the confirmed result to the telephone equipment 
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adapter, 

wherein the message information received at 
the relay server is a packet information having a 
header unit for storing an address information of the 
message information receiving side, and a data unit 5 
for storing the message information, 

wherein the relay server includes 

an HTTP_communication_processing_unit 
for performing an HTTP communication process to 
the packet information received, 10 

wherein the telephone equipment adapter 
managed by the relay server includes an 
HTTP_telephone_call_unit for transmitting the 
packet information to the relay server by using HT- 
TP access when the destination telephone equip- is 
ment adapter of the packet information receiving 
side is protected by a firewall. 

1 1 . The internet telephone network system of claim 1 0, 
wherein the telephone equipment adapter man- 20 
aged by the relay server includes an HTTP polling 
unit for transmitting to the relay server an inquiry 
information managed by the telephone_set_ 
callingJnformation_managing_unit of the relay 
server to inquire condition of the destination tele- 25 
phone equipment adapter where the packet infor- 
mation is transmitted to by using the HTTP access 
polling method. 

1 2. The internet telephone network system of claim 1 0, 30 
wherein the telephone equipment adapter man- 
aged by the relay server includes a telephone. 
call_communication_unit for notifying a fact of 
transmitting the packet information to the destina- 
tion telephone equipment adapter where the packet 35 
information is transmitted to, before transmitting the 
packet information via the IP network by using at 
least one of an electronic mail and an instant mes- 
sage. 

40 

1 3. The internet telephone network system of claim 1 0, 
wherein the telephone equipment adapter man- 
aged by the relay server notifies a fact of transmit- 
ting the packet information to the destination tele- 
phone equipment adapter where the packet infor- *s 
mation is transmitted to, before transmitting the 
packet information via the PSTN line. 

14. The relay server of claim 9, wherein a message in- 
formation received at the relay server is a packet 50 
information having a header unit for storing an ad- 
dress information of the message information re- 
ceiving destination, and a data unit for storing the 
message information, 

wherein the relay server comprises an 55 
HTTP_connection_changing_unit for receiving the 
pakket information transmitted from a telephone 
equipment adapter to an another telephone equip- 



ment adapter, for performing connection negotia- 
tion of connecting the telephone equipment adapter 
and the another telephone equipment adapter, and 
controlling for the transmission and reception of the 
packet information by using Hyper Text Transfer 
Protocol (HTTP) between the telephone equipment 
adapter and the another telephone equipment 
adapter after the connection is established. 

15. The relay server of claim 9, wherein a message in- 
formation received at the relay server is a packet 
information having a header unit for storing an ad- 
dress information of the message information re- 
ceiving destination, and a data unit for storing the 
message information, 

wherein the header unit of the packet informa- 
tion includes a port number and an address infor- 
mation of the transmission destination of the packet 
information, 

wherein the relay server includes a TCP/ 
lP_packet_header_alteration_unit for receiving the 
packet information transmitted from a telephone 
equipment adapter to an another telephone equip- 
ment adapter, for performing connection negotia- 
tion process of connecting the telephone equipment 
adapter and the another telephone equipment 
adapter, and for converting a port number and an 
address information of the header unit of the packet 
information of the transmission destination to a port 
number and an address information of the tele- 
phone equipment adapter receiving the packet in- 
formation last. 

16. An internet telephone network system using the IP 
(internet protocol) network for communicating a dig- 
ital data and the PSTN (public switched telephone 
network) line for communicating an analog data, 
comprising 

a telephone equipment adapter for inputting 
a message information, selecting a route from the 
IP network and the PSTN line, and outputting the 
message information to the route selected, 

a relay server prepared on the IP network, for 
managing telephone equipment adapters, for re- 
ceiving the message information transmitted from a 
telephone equipment adapter to an another tele- 
phone equipment adapter transmitted in accord- 
ance to a pre-determined communication protocol 
access in place of the another telephone equipment 
adapter, for storing the message information re- 
ceived, and for reading the message information 
stored by using the same access as the pre-deter- 
mined communication protocol access at the tele- 
phone equipment adapter, for managing the condi- 
tion of telephone equipment adapters managed by 
the relay server, for receiving an inquiry information 
inquiring the condition of the another telephone 
equipment adapter from the telephone equipment 
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adapter, for confirming the condition of the another 
telephone equipment adapter based on the inquiry 
information, and for notifying the confirmed result to 
the telephone equipment adapter, 

wherein the message information received at 
the relay server is a packet information having a 
header unit for storing an address information of the 
message information receiving side, and a data unit 
for storing the message information, 

wherein the relay server includes 

an HTTP_communication_processing_unit 
for performing an Hyper Text Transfer Protocol (HT- 
TP) communication process to the packet informa- 
tion received, 

wherein the internet telephone network sys- 
tem further connects at least two relay servers, the 
internet telephone network system further compris- 
ing an HTTP_relay_server_managing_server in- 
cluding: 

an HTTP_relay_serverJoad_monitoring_unit 
for monitoring a process load condition of the 
relay server connected; and 
_ ^an HTTP_relay_server_assigning_unit for se- 
lecting a relay server responding to the moni- 
tored load condition by the HTTP_relay_ 
server_load_monitoring_unit. 

17. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (Public Switched Telephone 
Network) line for communicating an analog data, 
and outputting the message information to the route 
selected, 

wherein the telephone equipment adapter is 
connected to a telephone equipment outputting at 
least a message information, and inputs the mes- 
sage information outputted from the telephone 
equipment, keeps the connection to the PSTN line 
after either one of the message information trans- 
mitting side and the message information receiving 
side finishes the communication, and while main- 
taining the PSTN line connection, sends an address 
information of the telephone equipment of the mes- 
sage information transmitting side via the PSTN line 
after waiting for an amount of time when the com- 
munication is likely to be finished. 

18. The telephone equipment adapter of claim 17, 
wherein the telephone equipment adapter sends at 
least a busy tone signal from a communication fin- 
ishing side to a communication continuing side, in 
order to make the communication continuing side 
to finish the communication, when either one of the 
message information transmitting side and the 
message information receiving destination finishes 
the communication. 



19. The telephone equipment adapter of claim 17, 
when at least one of the message information trans- 
mitting side and the message information receiving 
destination attempts to transmit a message infor- 

5 mation to a telephone equipment while an address 
information corresponding to an identification infor- 
mation of the telephone equipment is still being 
transmitted via the PSTN line, wherein the tele- 
phone equipment adapter sends at least a busy 

io tone signal to the telephone equipment attempted 
to transmit the message information. 

20. The telephone equipment adapter of claim 17, 
wherein the telephone equipment adapter prioritiz- 
es es a transmission process of an address informa- 
tion corresponding to an identification information 
of the telephone equipment than a message infor- 
mation transmission process of the telephone 
equipment, when at least one of the address infor- 

20 mation transmitting side and the address informa- 
tion receiving destination attempts to transmit the 
message information to the telephone equipment 
while the address information corresponding to the 
identification information of the telephone equip- 

25 ment is still being transmitted via the PSTN line. 

21. A telephone equipment adapter connected to tele- 
phone equipment which outputs a message infor- 
mation including an identification information that 

30 identifies the transmission destination, inputting the 
message information outputted from the telephone 
equipment, selecting a route from the IP (internet 
protocol) network and the PSTN (public switched 
telephone network) line, and outputting the mes- 

35 sage information to the route selected, 

wherein the identification information com- 
prises at least a communication enterprise informa- 
tion specifying the communication enterprises, and 
the communication enterprise information specifies 

to a size of the identification information, 

wherein the telephone equipment adapter de- 
termines the size of identification information based 
on the communication enterprise information of the 
identification information, and decides that the iden- 

45 tification information input is finished by comparing 
a size of the determined identification information 
and a size of the inputted identification information. 

22. The telephone equipment adapter of claim 21, 
50 wherein the telephone equipment outputs the mes- 
sage information including an identification informa- 
tion that identifies a destination of transmitting the 
message information, 

wherein the telephone equipment adapter 
55 comprises 

a PSTN_line_signal_processing_unit for in- 
putting the identification information, 

an address translation table for storing an ad- 
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dress information that identifies the destination of 
transmitting the message information and the iden- 
tification information by mapping, and 

an address translation unit for translating the 
identification information to the address information 
by using the address translation table, 

wherein the 
PSTN_line_signal_processing_unit hands over the 
identification information that finished the input to 
the address translation unit after decided that the 
identification information input is finished, 

wherein the address translation unit trans- 
lates the identification information handed over by 
' the PSTNJine_signal_processing_unit to the ad- 
dress information. 

23. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (public switched telephone net- 
work) line for communicating an analog data, and 
outputting the message information to the route se- 
lected, comprising 

a PSTN_line_signal_processing_unit for in- 
putting a message information including an identifi- 
cation information comprised of more than one 
word information that identifies the transmission 
destination, from a telephone equipment, and for 
outputting the more than one word information in- 
putted, 

an IP_network_communication_processing_ 
unit for transmitting the message information to the 
IP network by specifying an address information 
' that identifies a destination telephone equipment of 
the message information receiving side, 

an address translation table for storing the ad- 
dress information and the identification information 
by mapping them, 

an address translation unit for comparing the 
more than one word information output by the 
PSTN_line_signal_processing_unit and an identifi- 
cation information stored in the address translation 
table, and regarding matching address information 
as an address information candidate when the more 
than one word information output matches in part 
to the identification information stored in the ad- 
dress translation table, adapting the last one of the 
address information candidate as an address infor- 
mation when the word information output by the 
PSTNJine_signaLprocessing_unit exceeds a pre- 
determined number as the address information can- 
didates approach the last one, and translating the 
identification information to the address information 
based on the address translation table, 

a line_connection_switching_unit for select- 
ing either one of the IP_network_communication_ 
processing_unit and the PSTN line, and outputting 
the message information to the one selected. 



24. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (public switched telephone net- 

5 work) line for communicating an analog data, and 
outputting the message information to the route se- 
lected, 

wherein the telephone equipment adapter in- 
cludes: 

10 

a PSTN_line_signal_processing_unit for input- 
ting the message information output from the 
telephone equipment, 
an 

15 lP_network_communication_processing_unit 
for performing at least any one of transmitting 
and receiving of the message information via 
the IP network and for inputting a control infor- 
mation that controls the telephone equipment 

20 adapter as the message information via the IP 

network, and 

a control_information_storing_unit for storing 
the control information that controls the tele- 
phone equipment adapter, 

25 

wherein either one of the PSTN_line_ 
signal_processing_unit and the IP_network_ 
communication_processing_unit alarms any one of 
the IP network, the telephone equipment, and the 
30 PSTN line when an error occurs as a result of car- 
rying out control of the telephone equipment adapt- 
er according to the control information stored in the 
controUnformation_storing_unit. 

25. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (public switched telephone net- 
work) line for communicating an analog data, and 
outputting the message information to the route se- 
lected, 

wherein the telephone equipment adapter in- 
cludes: 

a PSTN_line_signaLprocessing_unitfor input- 
ting the message information output from the 
telephone equipment, 
an 

IPjietwork_communication_processing_unit 
for performing at least any one of transmitting 
and receiving of the message information via 
the IP network and for inputting a control infor- 
mation that controls the telephone equipment 
adapter as the message information via the IP 
network, and 

a control_information_storing_unit for storing 
the control information that controls the tele- 
phone equipment adapter, 
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wherein either one of the PSTNJine_ 
signal_processing_unit and the IP_network_ 
communication_processing_unit detects that com- 
munication is unable due to a failure occurring at 
either one of the IP network and the PSTN line, and 5 
alarms any one of the IP network, the telephone 
equipment, and the PSTN line. 

26. The telephone equipment adapter of claim 24, 
wherein the either one of the PSTN_line_ w 
signaLprocessing_unit and the IP_network_c 
ommunication_processing_unit notifies of restora- 

■ tion to any one of the IP network, the telephone 
equipment, and the PSTN line after the failure is re- 
stored. 15 

27. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (public switched telephone net- 20 
work) line for communicating an analog data, and 
outputting the message information to the route se- 
lected, 

wherein the telephone equipment adapter in- 
cludes: 25 

a PSTN_line_signal_processing_unit for input- 
ting the message information output from the 
telephone equipment, 

an 30 
IP_network_communication_processing_unit 
for performing at least any one of transmitting 
and receiving of the message information as a 
packet information via the IP network, and for 
performing an User Datagram Protocol (UDP) 35 
communication process to the packet informa- 
tion and an Hyper Text Transfer Protocol (HT- 
TP) communication process to the packet infor- 
mation, 

40 

wherein either one of the PSTNJine_signal_ 
processing_unit and the IP_network_communi- 
cation_processing_unit notifies of the process in 
progress mode to an another telephone equipment 
requesting for connection to a telephone equipment *5 
connected to a telephone equipment adapter per- 
forming any one of the processes of a PSTN line 
communication process, a UDP communication 
process, and an HTTP communication process. 

50 

28. The relay server of claim 9, wherein a message in- 
formation received at the relay server is a packet 
information having a header unit for storing an ad- 
dress information of the message information re- 
ceiving destination, and a data unit for storing the 55 
message information, 

wherein the relay server manages communi- 
cation between a telephone equipment adapter and 



an another telephone equipment adapter by using 
a communication connection identification informa- 
tion, and stores the communication connection 
identification information in the packet information, 
and outputs the packet information to the IP net- 
work. 

29. The relay server of claim 28, wherein the relay serv- 
er manages and stores at least either one of a com- 
munication time and an amount of communication 
packet as a log information by mapping to the com- 
munication connection identification information. 

30. An internet telephone network system losing the IP 
(internet protocol) network for communicating a dig- 
ital data and the PSTN (public switched telephone 
network) line for communicating an analog data, 
comprising 

a telephone equipment adapter for inputting 
a message information, selecting a route from the 
IP network and the PSTN line, and outputting the 
message information to the route selected, 

a relay server prepared on the IP network, for 
managing telephone equipment adapters, for re- 
ceiving the message information transmitted from a 
telephone equipment adapter to an another tele- 
phone equipment adapter transmitted in accord- 
ance to an Hyper Text Transfer Protocol (HTTP) 
communication protocol access in place of the an- 
other telephone equipment adapter, for storing the 
message information received, and for reading the 
message information stored by using the same HT- 
TP access as the HTTP communication protocol ac- 
cess at the telephone equipment adapter, for man- 
aging the condition of telephone equipment adapt- 
ers managed by the relay server, for receiving an 
inquiry information inquiring the condition of the an- 
other telephone equipment adapter from the tele- 
phone equipment adapter, for confirming the condi- 
tion of the another telephone equipment adapter 
based on the inquiry information, and for notifying 
the confirmed result to the telephone equipment 
adapter, 

wherein the message information received at 
the relay server is a packet information having a 
header unit for storing an address information of the 
message information receiving side, and a data unit 
for storing the message information, 

wherein the relay server includes 

an HTTP_communication_processing_unit 
for performing an HTTP communication process to 
the packet information received, 

wherein the telephone equipment adapter 
managed by the relay server transmits at least one 
of the GET, POST and PUT method messages to 
the relay server by the HTTP access. 

31 . The internet telephone network system of claim 30, 
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wherein the HTTP_communication_processing_ 
unit of the relay server stores the message informa- 
tion in a reply message to the HTTP access by the 
telephone equipment adapter, and transmits the re- 
ply message to the telephone equipment adapter, 5 

wherein the telephone equipment adapter 
managed by the relay server receives the replay 
message transmitted from the relay server, and ex- 
tracts the message information stored in the reply 
message received. 10 

32. The internet telephone network system of claim 31 , 
wherein the message information has a size one 
message information, wherein the telephone equip- 
ment adapter managed by the relay server stores a is 
GET method message in the packet information 
used to obtain a size two message information that 

is larger than the size one message information, for 
obtaining the size one message information from 
the relay server, and transmits the GET message 20 
to the relay server by using the HTTP access, and 
receives the reply message transmitted from the re- 
lay server by using the HTTP access. 

33. The internet telephone network system of claim 32, 25 
wherein the telephone equipment adapter man- 
aged by the relay server maintains connection to 
the relay server and receives more than one reply 
messages until a total size of the size one message 
information which is stored in the reply message 30 
transmitted from the relay server exceeds the size 
two. 

34. The internet telephone network system of claim 30, 
wherein the telephone equipment adapter man- 35 
aged by the relay server re-attempts connection if 

cut off connection at either one of the timing of dur- 
ing and immediately after the communication to the 
HTTP_communication_processing_unit of the re- 
lay server, continues the connection, and performs *o 
the communication. 

35. The internet telephone network system of claim 30, 
wherein the telephone equipment adapter man- 
aged by the relay server discontinues the connec- *5 
tion to the relay server if there is no reply coming 
from the relay server after a pre-determined amount 

of time at either one of the timings of during the com- 
munication and immediately after the communica- 
tion to the HTTP_communication_processing_unit 50 
of the relay server, re-attempt the connection and 
continues the communication. 

36. The telephone equipment adapter of claim 1, 
wherein the telephone equipment adapter is con- 55 
nected to a telephone equipment managing device 

as either one of PBX and button telephone for man- 
aging a plurality of telephone equipment connected 



to the plurality of telephone equipment, 

wherein the telephone equipment adapter re- 
ceives an identification information of the destina- 
tion telephone equipment of the message informa- 
tion receiving side from the message information 
transmitting side, and transmits the identification in- 
formation received to the telephone equipment 
managing device. 

37. A telephone equipment adapter inputting a mes- 
sage information from the telephone equipment, se- 
lecting a route from the IP (internet protocol) net- 
work and the PSTN (public switched telephone net- 
work) line for communicating an analog data, and 
outputting the message information to the route se- 
lected, 

wherein the telephone equipment outputs the 
message information to the destination telephone 
equipment adapter connected to the destination tel- 
ephone equipment which transmits the message in- 
formation having a number display function for dis- 
playing an identification information of the message 
information transmitting side, 

wherein the telephone equipment of the mes- 
sage information transmitting side outputs the iden- 
tification information including an non-notification 
information which instructs not to notify the identifi- 
cation number of the telephone equipment of the 
message information transmitting side to the desti- 
nation telephone equipment of the message infor- 
mation receiving side, 

wherein the telephone equipment adapter 
connected to the telephone equipment of the mes- 
sage information transmitting side does not transmit 
the identification information to the destination tel- 
ephone equipment adapter of the message infor- 
mation receiving side when the non-notification in- 
formation is included in the identification informa- 
tion. 
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(A) HTTP RELAY SERVER EXECUTION METHOD USING PROVIDER 
THE METHOD OF CHECKING THE TELEPHONE CALL IS EXECUTED BY CHECKING THE MANAGEMENT 
AREA OF THE HTTP REU\Y SERVER PERIODICALLY BY POLLING, OR MAIL OR INSTANT MESSAGE OR 
MAKING PSTN LINE CALL. 
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(B) HTTP RELAY SERVER PROGRAM-EXECUTION METHOD USING OUTSIDE WWW SERVER— 
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(C) METHOD OF SETTING A DEDICATED TERMINAL FOR COMMUNICATING WITH AN ARBITRARY 
TELEPHONE TERMINAL PROTECTED BY FIREWALL (HTTP RELAY SERVER PROGRAM EXECUTION) 
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FIG. 37 




89 



EP 1 235 416 A1 



FIG. 38 




i % ti 



90 



EP 1 235 416 A1 



FIG. 39 




~ td ^ LU 

£2. co ID cr 



91 



EP1 235 416 A1 



FIG. 40 
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FIG. 41 
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FIG. 42 
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FIG. 43 
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